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INFORMATION TRANSMISSION SYSTEMAND 
METHOD OF OPERATION 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

This application is a Continuation-In-Part of U.S. 
application Ser. No. 07/850,275, filed Mar. 12, 1992, 
entitled "Low Power Information Transmission System 
Having High Information Transmission and Low Error 
Rates and Method of Operation” (abandoned); Ser. No. 
07/850,276, filed Mar. 12, 1992, entitled "High Speed, 
Low Power and Low Error Information Receiver and 
Method of Operation” (abandoned); and Ser. No. 
07/850,487, filed Mar. 12, 1992, entitled “Low Power 
Information Transmission and Receiving System Hav 
ing High Information and Low Error Rates and 
Method of Operation” (abandoned), which applications 
are incorporated herein by reference in their entirety. 

TECHNICAL FIELD 

The present invention relates to a method of one and 
two-way atmospheric (wireless) transmission of infor 
mation with a subcarrier modulated with time displaced 
parallel information streams on a RF carrier modulated 
with the subcarrier having a high rate of information 
transmission, a high reliability of transmission without 
error and transmission with low radiated power. Fur 
thermore, the invention relates to transmitting circuitry 
for encoding time displaced parallel information 
streams to be atmospherically transmitted, receiving 
circuitry for decoding the atmospherically transmitted 
parallel information streams, a receiver and transceiver 
using the receiving circuitry, a transceiver using the 
transmitting circuitry, a signal processing system associ 
ated with a base station using the transmitting circuitry 
and the receiving circuitry and a system including the 
transmitting and receiving circuitry having at least one 
receiver or transceiver and at least one base station. 

BACKGROUND ART 

A. One-Way Wireless Transmission 
There is a movement in the wireless industry towards 

providing more than simple numeric telephone number 
messages. These messages are typically originated from 
personal and office computers and sent to the wireless 
transmitting system via the telephone network. 
These messages are received by the messaging system 

controller (paging terminal) and processed for transmis 
sion via the radio transmitting system. E-mail services 
have gained tremendous popularity and it is predicted 
that the current 17 million electronic mail (E-mail) sub 
scribers will grow to 53 million by 1995. The average 
E-mail message is approximately 450 characters in 
length and 5 to 8 messages are sent each working day. 

Personal computers have become far more compact 
in size permitting them to “move” with the person 
verses remaining in a fixed location. It is predicted that 
within the next few years, the majority of the personal 
computers will be less than 8 pounds in weight making 
them extremely convenient as a "portable office'. This 
will make wireless communications a media of choice to 
accommodate this portable office computer to receive 
information services and E-mail messages. 

This places an extreme burden on the existing radio 
infrastructure that is allocated for messaging services. 
Currently, most metro area paging systems operating in 
the 150 and 450 MHz radio bands are operating at or 
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2 
near full capacity accommodating the current numeric 
paging subscribers. There is not adequate reserve air 
time available to accommodate alphanumeric informa 
tion and E-mail services. 
Nine hundred MHz authorizations are currently 

available for local and regional paging implementation. 
However, at the current protocol speeds and the pro 
jected growth rates, the national channels will undoubt 
edly reach saturation within the next few years. Cur 
rently, one or more of the 900 MHz nationwide paging 
channels are close to such a saturation. There will be a 
pressing need to increase the air time efficiency of these 
radio paging systems. 
Furthermore, U.S. Pat. Nos. 4,849,750, 4,851,830, 

4,853,688, 4,857,915, 4,866,431, 4,868,562, 4,868,558, 
4,868,860, 4,870,410, 4,875,039, 4,876,538, 4,878,051, 
4,881,073, 4,928,100, 4,935,732, 4,978,944, 5,012,235, 
5,039,984, 5,047,764, 5,045,850, 5,052,049 and 5,077,834 
disclose a frequency agile information transmission net 
work and frequency agile data receivers. The above 
referenced patents are incorporated herein by reference 
in their entirety. U.S. patent application Ser. No. 
702,939, filed May 20, 1991, entitled “Electronic Mail 
System with RF Communications to Mobile Proces 
sors'; U.S. Ser. No. 702,319, filed May 20, 1991, entitled 
“Electronic Mail System. With RF Communications to 
Mobile Processors Originating From Outside of the 
Electronic Mail System'; and U.S. Ser. No. 702,938, 
filed May 20, 1991, entitled “System for Interconnect 
ing Electronic Mail Systems by RF Communications,” 
disclose a system for linking an electronic mail system 
to portable computers using one-way wireless transmis 
sions which may use the network and receivers dis 
closed in the aforementioned patents. These applica 
tions are incorporated by reference in their entirety 
herein. 

Collectively, the above improvements utilizing the 
existing 150 and 450 MHz radio messaging infrastruc 
ture produce a significant reduction in the message 
delivery cost to the wireless subscriber. The cost to 
deliver a 450 character message with the system de 
scribed in the above-referenced patents is projected to 
be approximately 65c versus the $1.50 for a 50 character 
message the industry is currently offering subscribers. 
This significant cost reduction will further enhance the 
growth rate of the wireless information and E-mail 
service industry. 
Adequate reserve radio spectrum is available in the 

150 and 450 MHz radio bands in the form of IMTS 
mobile channels that have been authorized for one- and 
two-way information transmission. However, a more 
reliable one-way messaging protocol is needed to ac 
commodate the need for information and E-mail ser 
vices. An additional requirement for a more air time 
efficient (faster) message protocol is also needed. 
The POCSAG protocol was originally authored by 

the British Post office code Standardization Advisory 
Group (POCSAG). It was primarily developed for 
"tone only” or "semi-synchronous paging format'. 
Unlike a synchronous paging format that must be trans 
mitted continually to maintain synchronization of all the 
paging receivers, POCSAG is somewhat asynchronous 
in the respect that it only needs to send a radio signal 
when messages are about to be delivered. However, a 
POCSAG transmission is extremely sensitive to atmo 
spheric fades which are discussed below. If a three bit 
error exists in a transmission of information to a POC 
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SAG receiver, the BCH error correction code embed 
ded therein may be ineffective to prevent the transmis 
sion synchronism between the transmitter and receiver 
from being lost which results in a failure to complete the 
transmission of the information to the receiver and the 
receiver reverting into a scanning mode to attempt to 
lock onto a new transmission containing its identifica 
tion code. A three bit error is produced by a fade in 
reception level below the detection level of the receiver 
for a time interval such as 2 to 4 milliseconds for 1200 
and 512 baud data rates respectively. 
To gain insight as to the POCSAG protocol, refer 

ence is made to FIG. 1 for the following explanation. A 
POCSAG frame set consists of a PREAMBLE, a 
SYNC signal, and eight frames that are subdivided into 
two code words each. POCSAG pagers are synchro 
nous in the respect that once they detect the PREAM 
BLE and synchronize on the SYNC code word, they 
only then search for a message in their respective frame. 
If capcode ID numbers are consecutively assigned, the 
page is automatically assigned to a respective frame. 
Taking the binary equivalent of the last three digits of 
the ID of the pager, it is possible to determine in which 
one of the eight frames a respective pager would be 
located. 
The POCSAG pager is continually sampling the 

radio channel, looking for its PREAMBLE. The PRE 
AMBLE is typically 1.125 to 3 seconds in duration, and 
consists of an alternating string of ones and zeros sent 
digitally. When the pager samples the radio channel and 
determines the preamble string, it remains on and 
searches for the SYNC signal. The SYNC signal is 
actually a 62.5 millisecond code word that transmits a 
fictitious address to which the pagers respond. It is an 
unused address, and therefore does not cause falsing 
(erroneous turn on) of other pagers. Upon receiving the 
SYNC code word, the pager searches for a message in 
its respective frame group. 
POCSAG has some inherent inefficiencies by its de 

sign. These inefficiencies exist in both 512 and 1200 
baud POCSAG pagers, and it is inherent in the architec 
ture of the design of the protocol. In the POCSAG and 
other digital protocols, the baud rate is also the fre 
quency of the subcarrier (e.g. 512 baud uses a 512 Hz. 
squarewave subcarrier which is modulated with ones 
and zeros to encode the parts of a transmission). Refer 
ring again to FIG. 1, it should be noted that a frame 
consists of code word one and code word two. If a 
POCSAG pager receives a message, the first code word 
of its frame contains the ID or address information for 
the pager. It also contains alerting information to indi 
cate to the pager what types of beeps are being issued. 
Code word two contains the numeric or alphanumeric 
information. When the pager is in numeric mode, the 
code word can contain five numeric digits. 

However, it should be noted that very few numeric 
pages are five digits in duration. In fact, in a typical 
paging system, 98% of the numeric messages are seven 
digits in duration as illustrated in FIG. 2. Because the 
numeric message is seven digits in duration, the POC 
SAG protocol permits a borrowing or an extension into 
the next frame. The first code word in each frame 
(which would typically be an address), has a marker bit 
that indicates whether the code word contains address 
or numeric information. The remaining two digits of the 
seven digit example then spill over into the first code 
word of the next frame. Of the twenty bits of data (five 
numeric digits) in the next frame word, only eight 
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4. 
would be used rendering the balance of the code word 
useless. POCSAG fills the balance of the code word 
with “filler code'. The second code word of the adja 
cent frame is also back filled with filler code. The adja 
cent frame is unavailable for use by any other page. In 
fact, any message awaiting an adjacent frame two 
pager, must wait until the next frame group is sent in 
order to receive the message. The architecture of the 
POCSAG system requires that a message to a given 
pager be sent only in its respective frame. 

It is obvious that unless great care is utilized in the 
distribution of receivers to divide the receivers evenly 
within the frame groups, and that the customerusage in 
each frame group is equal, severe system air time ineffi 
ciencies are obtained. System air time efficiencies can 
vary between 30 and 60%. A great deal of the air time 
inefficiency cannot be fully utilized as it is due to the 
message length (seven digits) and is caused by the inser 
tion of filler codes. If a per message comparison of 
paging protocols is made, it does not take into account 
the inherent system inefficiencies when numerous pages 
are sent. As mentioned previously, POCSAG system 
efficiencies vary considerably if a great deal of attention 
is not paid to the proper distribution of ID codes. 
To gain some insight as to how the POCSAG paging 

protocol tends to reduce the air time efficiency, refer 
ence is made to FIG. 3. FIG. 3 shows 50 numeric pages 
that need to be sent via the paging system. For purposes 
of this example each page is a seven digit numeric page 
and the pagers are equally distributed between the eight 
frame groups. 
The first problem is that due to each page being seven 

digits in duration, only an average of 3.5 pages can be 
sent per frame group. It should also be noted that a 
seven digit numeric page destined for the eighth frame 
group necessitates that a SYNC signal be sent. The 
message then spills over to the first frame of the next 
frame set. An "overhead' problem that also becomes 
obvious is that the receivers must be resynchronized 
after the transmission of the first eight frames. This 
resynchronization adds to the length of each message 
sent within the eight frame group. SYNC is 62.5 MS 
divided by 3 pages to apportion overhead. One hun 
dred sixty seven milliseconds of the 267 MS period 
produces a 62.5% efficiency. Due to the spilling over of 
messages into their adjacent frames, it is seen that a 
second problem is precipitated. Assuming that each of 
the pages arrive in frame group order (e.g. 1234567, 
1234567), it is seen that even if the paging terminal can 
sort to get the maximum 3.5 message per frame group 
efficiency, that a number of pages destined for the first 
frame tend to build or stack up. To eliminate this prob 
lem, fewer pagers may be issued in the eighth frame 
group (which spill over into the first frame group). 
However, the problem is not solved by doing so, and 
simply a build up of other pages in other frame groups 
OCCS. 

The 512 baud POCSAG protocol transmits 2.857 
alphanumeric characters per 62.5 MS code word. If an 
alphanumeric message is transmitted in the first frame, a 
maximum of 42 characters can be sent before a 62.5 
SYNC signal is required. 

Maximum Characters 
Transmitted Frame Before Sync 

1. 42.8 
2 37.14 
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-continued 
Maximum Characters 

Before Sync 
31.43 
25.71 
1999 
4.89 
8.57 
2.85 

Transmitted Fragne 

As the national average length of an alphanumeric mes 
sage is 45 characters, it is reasonable to add the SYNC 
overhead to the character time. The average E-mail 
message is considered to be from 150 to 450 characters, 
which increases the air-time requirements and increases 
the probability for a reception error. 

21.98 m.s. Per character 
2.73 m.s. Frame OVHD per character 

24.71 m.s. 

Current digital protocols (POCSAG and Golay) are 
difficult to speed up due to their respective architec 
tures. Attempts to increase POCSAG speed from 512 to 
1200 or 2400 baud (subcarrier frequency) have encoun 
tered the following problems. 
The 1200 and 2400 baud data transmission rates have 

shortened the data bit time to approximately 800 and 
400 microseconds respectively. This short time per bit 
produces a marked degradation in message receipt reli 
ability. 
POCSAG receivers have a BCH error correction 

scheme that can tolerate only one or two data bits to be 
erroneous before the transmitted character is unrecov 
erable. Man-made noise and Rayleigh fading phenome 
non become far more prevalent to such a short data bit 
time. The net result is that the cumulative effect of the 
error correction scheme that the current digital proto 
cols utilize in combination with the effects of natural 
and man-made interferences degrade the message re 
ceiver's reliability when attempts are made to accom 
modate information and E-mail services. A three or 
more bit error represents a fade below the threshold 
detection level of the receiver which can cause the 
receiver to loose synchronism with the received infor 
mation stream and turn off and search for another trans 
mission of its address. A three bit error represents a true 
message error which results in the loss of at least some 
data. 
Speed per message is actually a relatively poor 

method to choose which format (type) of pager to uti 
lize on a system. There are subtle differences in the 
various alpha signaling schemes that have far more 
impact on the reliability of the paging system and its 
ability to deliver message information to pagers. Differ 
ences in air time efficiencies and the techniques em 
ployed to correct erroneously received data by the 
pager are very important considerations that should be 
made. 
POCSAG (the British Postal protocol) and Golay are 

digital formats requiring digital transmitters. 
The 512 baud POCSAG protocol utilizes 31-bit 

words, utilizing 11 of the bits for error correction. A 
3-bit error in the address, as stated above, causes the 
message to be missed. This equates to a 4-millisecond 
fade or noise burst during the address and a 2-mil 
lisecond fade error during the message. Twelve hun 
dred baud POCSAG pagers have the same error cor 
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6 
rection format and air time inefficiencies. The fade resis 
tance is reduced to a 2-millisecond fade during the ad 
dress and 1-millisecond during the message. Although 
the number of pagers on a given channel is doubled, the 
degradation of message reliability due to the-reduced 
fade resistance becomes noticeable with numeric pag 
ing, and markedly poor when long alphanumeric mes 
sages are sent. 
The Golay protocol utilizes 23-bit words, utilizing 11 

of the bits for error correction. The Golay protocol 
transmits the ID code at 300 baud to increase the decod 
ing reliability. The message is transmitted at 600 baud. 
The Golay format has an increased reliability in detect 
ing the ID portion of the page due to the slower data 
rate. However, the overall signalling when the formatis 
analyzed is noticeably slower than 512 baud POCSAG, 
making it a poor choice to attempt to accommodate 
alphanumeric information and E-mail services on a 
radio channel that is currently accommodating tens of 
thousands of numeric pagers. 
A common misconception in the wireless industry 

concerns the term “baud rate'. It is easy to conceive 
that the higher the baud rate is directly attributable to 
more pagers per channel. This is in part due to the fact 
that baud rate as pertaining to computers is thought in 
"wireless' terms when a calculation as to the character 
speed is determined. Typically, a computer sends 8 to 
11 bits of information per character, and one simply 
divides that number into the baud rate to determine 
how fast information is transmitted. The fact is the baud 
rate is only a portion of the analysis. Unlike wireline 
computers that are connected with telephone lines, 
radio transmission requires additional "overhead” to be 
added to the signaling protocol due to its "one way” 
nature. Radio paging or one-way information transmis 
sion does not have the wire-line or two-way wireless 
privilege of requesting a second transmitted message if 
an error is received. Radio paging is a "one time' trans 
mission that is "one way'. Manufacturers of radio pag 
ing equipment therefore must encode additional infor 
mation to permit the pager to correct errors caused by 
radio transmission problems. Instead of 8 to 11 "bits' 
representing a character, as many as 30 bits may be 
required. This correction overhead is called "error 
correction', and in some methods reduces the data 
transmission rate to the pager by as much as 75%. If half 
of the 1200 baud data rate is utilized for error correc 
tion, the effective data rate is 600 baud. The speed or 
“baud' rate is further reduced by “overhead' SYNC 
and “wake-up' preambles that must be sent to prepare 
the paging receiver prior to the transmission of an ac 
tual message. 
The operating environment has by far the greatest 

impact on the reliability of the paging system. Geo 
graphical terrain, the operating frequency, the presence 
of man-made structures, and natural and man-made 
noise all have a collective impact on the operating effi 
ciency of the current state of art in paging systems. If 
the radio signal cannot reach the paging receiver, the 
sensitivity of the receiver or the error correction in the 
protocol has little purpose. The first requirement of a 
paging system is to therefore provide a good radio pag 
ing signal at all the areas of the paging systems service 
23. 

Geographical terrain of the paging service area deter 
mines the number of transmitter sites and the antenna 
patterns required to provide the necessary "Carey' 
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coverage or service area. The less the variation in ter 
rain, the more evenly distributed the RF field is, and the 
easier it is to obtain reliable service area coverage. Man 
made objects (such as buildings) and geographic varia 
tions (hills) tend to cause shadows by blocking the “line 
of sight' paging signal. In a metropolitan radio environ 
ment, the receiver is subjected to a very hostile environ 
ment. The paging receiver is subject to multi-path inter 
ference, impulse noise, simulcast beats, and in many 
Systems with multiple transmitters and non-synchroni 
zation of the transmitters. These phenomena are further 
compounded by building shadow effects and building 
penetration attenuation of the signal. All of the men 
tioned phenomena serve to reduce the reliability of the 
receiver. Higher power transmitters and multiple trans 
mitters can alleviate a portion of the aforementioned 
problems, and increase other problems (e.g. multi-path, 
simulcast beats, and non-synchronized transmitters). It 
is not a simple problem to resolve, as numerous other 
problems exist to complicate the reliability of radio 
messaging services in a given area. 

Previously, analog pagers utilized forms of active 
filters to decode the addressing tones. The active filters 
in the pagers were very sensitive to any form of phase 
or any other form of distortion that would modify the 
sinusoidal signaling wave forms. Analog pagers require 
a "perfect” sine wave to properly decode and alert the 
user. Hence the reason for precise phasing of transmit 
ters and synchronized transmitters (simulcast) systems 
was the necessity to accommodate the active filter de 
coders in the pagers. Even with synchronization and, 
proper phasing of the station, the pager would often 
times decode unreliably when located at the midpoint 
between two transmitters. 
The move to digital encoding methods resulted from 

these former analog problems. In the early 1980's, digi 
tal transmitting and paging products were introduced 
by manufacturers that did not experience the problems 
associated with analog pagers. It was thought of as the 
only method to reliably send numeric data to a paging 
receiver. Considering that in 1980 analog technology 
was limited to 300 baud and yet digital technologies 
could transmit 600 to 1200 baud data, this was correct. 
It was not an inexpensive move, as literally every piece 
of equipment in the carriers system required replace 
ment. Paging terminals, base stations, and modems had 
to be purchased to replace the existing analog equip 
ment. Digital paging also required that additional base 
stations be added to provide the increased signal 
strength necessary for reliable data stream reception by 
the pager. The deficiencies found in the analog technol 
ogies were eliminated by the move. Digital pagers did 
not share the problematic phase errors found in their 
analog counterparts. Research for new developments in 
analog technologies were abandoned by the pager man 
ufacturers for several reasons. Analog technology was 
not as advanced in the early eighties (digital signal pro 
cessing of analog signals was not available), and by 
emphasizing sales of digital systems, communications 
manufacturers could increase sales of replacement base 
stations and paging terminal dramatically. 

In this decade, the advances in analog decoding tech 
nology have increased dramatically. Data transmission 
rates of 19,000 baud on ordinary telephone lines is com 
mon (as compared to 300 baud in 1980). Microprocessor 
assisted digital signal processors are available on a sin 
gle chip with decoding sensitivities unheard of in 1980. 
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Even with the increased transmitter maintenance, the 

cumulative effects of mis-synchronization of the radio 
transmitters, Rayleigh fading, and man-made noise re 
duce the reliability of the current digital receivers no 
ticeably. The overall fade tolerance at 2400 baud is less 
than one millisecond. A gap in the data stream in excess 
of one millisecond causes the message receiver to termi 
nate the receiving process. 
There is a need in the art for a messaging protocol to 

be compatible on both analog and digital radio transmit 
ting systems. The above-referenced patents disclose a 
protocol which is compatible with analog and digital 
transmitters. The protocol disclosed in these patents is 
approximately 99% reliable for the transmission of a 450 
character message but is slower than POCSAG by a 
factor of approximately four. However, the protocol 
disclosed in the above-referenced patents like the POC 
SAG and GOLAY uses only a single serial data stream 
with error correction bits. This protocol is immune to a 
fade duration of up to 100 milliseconds. The radiated 
power required to broadcast this protocol is approxi 
mately equal to that required for the POCSAG or 
Golay protocols. 
The majority of the messaging radio transmitting 

systems have radio channels allocated that utilize 5 
KHz transmitter deviation limits and transmitted audio 
bandwidths that are limited to 300 to 3000 Hz. The 
digital transmitters currently in service have modems 
that may limit the data rate to 1200 baud (1200 Hz. 
subcarrier). Compatibility with the current transmitter 
infrastructure with any new protocol is imperative to 
provide universal compatibility. The 1200 baud limita 
tion is typically a constraint by the current design of the 
integrated modems the digital base stations utilize. The 
bandwidth of current radio transmitters can accept 
faster data rates if the bandwidth of the digital modems 
is increased. 
As is apparent from the description of the POCSAG 

digital protocol above these are fundamental problems 
of increasing its data throughput. The problems are 
caused by the propensity of atmospheric serial informa 
tion transmission to semi-synchronous receivers to be 
subject to unpredictable interruption caused by atmo 
spheric fades which degrade the atmospheric transmis 
sion below the noise threshold of the receiver. As has 
been pointed out above, a three bit error may cause a 
total loss of synchronism between an information trans 
mission and a POCSAG receiver from which the re 
ceiver cannot recover with the remainder of the trans 
mission after the fade being lost with the receiver going 
into a search mode to look for another transmission of 
an address of the receiver. When the probability of a 
loss of synchronism becomes high, the use of a transmis 
sion medium goes down. POCSAG is believed to have 
a reliability of around 95% for a seven character mes 
sage which means that a 5% chance exists of losing one 
or more digits of the transmission. A higher reliability is 
needed for data transmissions between computers to 
make one-way serial atmospheric data transmission a 
widespread methodology. 
An analysis of atmospheric transmission using the 

POCSAG protocol in accordance with accepted math 
ematical relationships for evaluating atmospheric radio 
frequency transmissions follows which reveals that the 
POCSAG protocol is poorly suited to data transmis 
sions of more than a few characters in length. 
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Fading Rate 
F=SF/670 (1) 

S=Speed MPH 
F=Frequency in MHz 
F=Hz 

Fade Length 
ts rFe+0.693/2- 1) (2) 

r=ST/SM. Threshold/Median 
The threshold ST is the receiver threshold detection 

level and the median SM is the median field strength 
level. 

Fade Below Threshold 

Probability of Message Loss 
Perror)=1-e-FRLPw (4) 

L=Message Time (Length) 
P=Probability of fade larger than catastrophic fail 
ure length 

P=1.5e-li ta 

The quantity tis the net probability of a fade divided 
by the mean rate of fading and equals 

Fe+0.693r2- 1) (5) 

The fading rate Fis the natural frequency at which 
through the atmosphere radio frequency transmissions 
periodically fade as a function of the channel frequency 
Fo and the speed of the receiver or transceiver if the 
System is a one-way or two-way wireless system in 
miles per hour; the fade length tin seconds is the length 
of fade; the fade below threshold FR is the time duration 
in seconds that a transmission drops below the detection 
capability of the receiver; and the probability of mes 
sage loss Perror) is probability that a message transmis 
sion will not be completed as a result of a lost of syn 
chronism between the data transmission and the re 
ceiver. See S. O. Rice; Statistical Properties of a Sine 
Wave Plus Random Noise; Bell System Technical Jour 
nal, January, 1948; T. A. Freeburg; An Accurate Simu 
lation of Multipath Fading; Paper 1980; Caples, Massad, 
Minor; UHF Channel Simulator for Digital Mobile 
Radio; IEEE VT-29; May 1980; and P. Mabey, D. Ball; 
Application of CCIR Radio Paging Code No. 1; 35th 
IEEE V.T. Conf; May 1985 for a discussion of the 
above-referenced equations. 
FIGS. 4A-4J illustrate an analysis of the POCSAG 

protocol at baud rates of 512, 1200 and 2400 which are 
the currently used or prospectively to be used baud 
rates for frequencies of 150, 450, 900, 1200 and 2200 
MHz as a function of the velocity of the receiver in 
miles per hour. Specifically, FIG. 4A is for a numeric 7 
digit POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 90 microvolt/meter (39 db) 
median electric field strength; FIG. 4B is for a numeric 
7 digit POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 130 microvolt/meter (43 db) 
median electric field strength; FIG. 4C is for a 50 char 
acter POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 90 microvolt/meter (39 db) 
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10 
median electric field strength; FIG. 4D is for a 50 char 
acter POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 130 microvolt/meter (43 db) 
median electric field strength; FIG. 4E is for a 80 char 
acter POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 90 microvolt/meter (39 db.) 
median electric field strength; FIG. 4F is for a 80 char 
acter POCSAG message with an 8 microvolt (18 db) 
detection sensitivity with a 130 microvolt/meter (43 db) 
median electric field strength; FIG. 4G is for a 200 
character POCSAG message with an 8 microvolt (18 
db) detection sensitivity with a 90 microvolt/meter (39 
db) median electric field strength; FIG. 4H is for a 200 
character POCSAG message with an 8 microvolt (18 
db) detection sensitivity with a 90 microvolt/meter (43 
db) median electric field strength; FIG. 4I is for a 450 
character POCSAG message with an 8 microvolt (18 
db) detection sensitivity with a 90 microvolt/meter (39 
db) median electric field strength; and FIG. 4J is for a 
450 character POCSAG message with an 8 microvolt 
(18db) detection sensitivity with a 130 microvolt/meter 
(43 db) median electric field strength. The probability 
of MSG Loss stands for the probability during an atmo 
spheric message transmission that synchronism between 
the atmospherically broadcast message and the receiver 
will be lost during the message transmission causing the 
receiver (or transceiverifin a two-way wireless system) 
to revert to searching for the broadcast of the receiver's 
address marking a new transmission to the receiver. 
This equates to an error such as a 3-bit error with the 
BCH error correction code currently in use with POC 
SAG protocol. As is apparent, the performance of 
POCSAG seriously degrades as the message length 
increases. For example, a comparison of FIGS. 4A-4J 
reveals a significant increase in the probability ap 
proaching 100% that the reception of a message will not 
be completed as the length of a message reaches 450 
characters. These error rates of message loss are unac 
ceptably high for transmission to computers for applica 
tions such as E-mail. The prior art retransmission of 
messages at a later time after completion of the original 
message transmission does not significantly increase the 
probability of reception of a message with each subse 
quent transmission only halving the probability of a 
successful transmission. 

FIG. 5 graphically illustrates data from the table of 
FIGS. 4A-4J. As is apparent, the error rate approaches 
100% as the message length increases. A whole family 
of similar curves may be plotted from FIGS. 4A-4J, 
which reveal similar relationships of how the length of 
the message increases the probability of a 3-bit or larger 
error which correlates to a message failure. 

FIG. 6 illustrates a diagram of a prior art encoding 
mechanism used to encode prior art paging protocols 
such as POCSAG, GOLAY, 2 Tone and 5/6 Tone, etc. 
This encoding mechanism has also been used to encode 
and decode two-way mobile data formats. This encod 
ing mechanism is a Hi-Cap Multiswitch Model DMF 
4000 manufactured by ESA Telecommunications, Inc. 
of 10347 S. Oxford, Chicago Ridge, Ill. 60415. The 
encoding mechanism contains the necessary microelec 
tronics to encode the protocols and forward them to the 
transmitter. The encoding mechanism utilizes a distrib 
uted processing architecture to permit the reception of 
messages from the public switch telephone network 
(PSTN), provide the necessary subscriber verification 
and validation, encode the protocols, and gain access to 
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the radio transmitting system. The higher level proces 
sor consists of a central processing unit 30, a read only 
memory 32 that contains the BIOS, a random access 
memory 34 that stores in buffers both message and sys 
tem operational information, a hard and soft disk drive 
36 that are utilized to store the main operating program 
and subscriber file information, a printer/billing port 38 
for the logging of system activity and service updates, 
maintenance port modem 40 for diagnostics in the event 
of a system malfunction, and a resident keyboard and 
monitor 42 to allow access to the main processing unit 
for addition of subscribers and system maintenance. 
The main processor comprised of items 30-42 con 

tains the system operating program and control mecha 
nisms that communicate to the peripheral modules 
46-56 via the PCM matrix switch and data board buff 
ers 44 and bus 58. The PCM matrix switch 44 contains 
the digital and audio matrix that permits any of the 
resident modules 46-50 to send audio and digital infor 
mation between each other and the main CPU. It is also 
responsible for buffering data from and to the various 
peripheral modules 46-56 to permit the system to grow 
in size to accommodate the messaging traffic as needed. 
Each of the peripheral cards 46-56 contain one or more 
board resident processors that further process informa 
tion and relieve processing overhead from the main 
CPU. It is with this distributed processing architecture 
that the encoding mechanism can be expanded to ac 
commodate several hundred input ports and numerous 
radio channels. When the encoding mechanism is con 
nected to a two-way system, two-way communication 
paths identified by dotted line bidirectional arrows are 
used. Additionally, the radio station control may be 
comprised of multiple modules which each are con 
nected to one or more base stations (not illustrated). 

In order to gain a complete understanding of how the 
encoding mechanism of FIG. 6 functions, it is advanta 
geous to understand how a message is processed from 
reception by the encoding mechanism from the PSTN 
and ultimately delivered to the radio transmitting sys 
tem connected to the encoding mechanism for transmis 
sion to the receiver. To send a message to the receiver, 
a message originator calls via the public switch tele 
phone network PSTN to one of the encoding mecha 
nisms telephone ports. Three telephone port configura 
tions are described here which are direct inward dial 
trunks 46, direct outward dial trunks 48, and/or mixed 
frequency trunks 50 which can both answer and origi 
nate calls. The three basic trunk configurations are 
necessary to accommodate the various telephone inter 
facing requirements that are necessary to interface from 
the PSTN to the encoding mechanism at its particular 
location. Details of the trunk configurations are known. 
The modems function to convert digital formatted in 
formation to analog for transmission by telephone lines. 
The protocol encoder 54 permits multiple protocols to 
be encoded which is common with paging systems 
which sequentially broadcast in different protocols. The 
radio station control interfaces the encoding mechanism 
with a radio transmitter or radio system control. If the 
protocol encoder 54 is encoding two-way protocols, 
one or more radio station controls 56 and/or one or 
more bidirectional lines are connected to the one or 
more radio station controls. 
Upon receipt of the message recipient's telephone or 

ID number, the message entry process begins. The main 
CPU 30 looks up in the customer file the necessary 
message decoders that must be connected to the previ 
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12 
ously described telephone trunk modules. Referring to 
FIG. 6, it may connect any number of modems individ 
ually or simultaneously to permit the decoding of me 
dium to high speed serial data decoders. This is accom 
plished by connecting via the PCM matrix switch 44 to 
one or more modem modules 52 that are connected to 
the digital data and PCM bus highways 58. In some 
cases it may not be known which type of entry modem 
or entry protocol is being used, and resident decoders 
on the respective telephone trunk modules 46-50 are 
responsible for decoding DTMF entry protocols and 
higher speed modem protocols are decoded by the 
modem modules 52. 
The encoding mechanism of FIG. 6 is capable of 

receiving numerous numeric and alphanumeric entry 
formats from the message originator. They include 
DTMF (Dual Tone Multiple Frequency) overdial for a 
numeric message that can be directly encoded from a 
telephone keypad. An alphanumeric DTMF entry pro 
cess can be entered by a two button press entry scenario 
that corresponds to the desired alphanumeric character 
that is displayed on the keypad. Message originators 
that are utilizing a PC that has a modem can also enter 
a similar DTMF alphanumeric format by software 
packages that reside in the PC that direct the PC's 
modem to send DTMF tones. All of the aforementioned 
DTMF message entry formats are decoded by resident 
DTMF decoders on the respective telephone trunk 
modules. 
Higher speed formats utilizing Bell and CCITT for 

mats permit messages to be sent at 300, 600, 1200 and 
2400 baud formats. In the event that the higher speed 
protocols are utilized, a modem module 52 is connected 
to the respective telephone trunk module via the digital 
data and PCM data bus 58. The modem module 52 is 
capable of auto-adjusting to the desired speed and for 
mat of the message originators modem. 
Upon completion of receipt of the message, the main 

processor 30 is alerted to permit a message transfer. In 
the event of a DTMF message, the message has been 
temporarily stored on the respective telephone trunk 
module, or in the event of a higher speed data message 
it is stored and temporarily buffered on the modem 
module 52. The message is then transferred to the main 
CPU 30 for further processing via the data bus buffer 
module 44. The main CPU 30 then looks up in the cus 
tomer file the format of the receiver and stores the 
message in the respective batch buffers for that particu 
lar encoding format. The encoding mechanism de 
scribed is capable of encoding numerous signalling for 
mats that include analog 2-tone, 5/6 tone, digital POC 
SAG and digital Golay. 

In order to optimize and obtain the maximum air-time 
efficiency, messages for receivers with like signalling 
protocols are buffered and batched and are controlled 
by two variables that are programmable via the systems 
menu. The two entries are time and volume related. The 
number of characters that can be transmitted when the 
system controller gains access to the radio transmitting 
system are programmable as well as a predetermined 
period of time and/or both. In the event of very low 
traffic periods, it is typically the time entry that will 
precipitate the transmission of the messages that are 
stored in the main processor's batching buffers. In the 
event of high activity, it is the volume or number of 
characters that trigger the main CPU 30 to initiate ac 
cessing the radio transmitting system. 
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B. Two-Way Wireless Transmission 
1. PCS, PCM and Mobile Data Services 
There is a movement in the wireless industry towards 

providing sophisticated two-way data services to ad 
dress the rapidly growing data marketplace. The FCC 
is considering the allocation of new frequencies to be 
allocated for new data services. There is also an ongo 
ing re-evaluation of the existing radio service providers 
to evaluate their currently allocated radio spectrum to 
determine if they in turn can also address this new data 
marketplace. 

Cellular system operators have evaluated their exist 
ing cellular mobile telephone frequencies and have de 
termined with a minimal amount of hardware modifica 
tion, data services can be directly addressed by their 
currently allocated and operational cellular channels. 
These frequencies reside in the eight hundred mega 
hertz radio bands. 
SMR system operators are also evaluating the utiliza 

tion of their currently licensed SMR frequencies. His 
torically utilized for voice dispatch, they are currently 
modifying their equipment architectures to accommo 
date the transmission of data. The SMR carriers are also 
attempting to adopt common data protocols that will 
permit the formation of wide area and statewide data 
systems that are compatible from region to region and 
from state to state. 
Dormant IMTS mobile channels are also being evalu 

ated (these exist in both the one hundred fifty and four 
hundred fifty megahertz radio bands) that also could 
accommodate mobile data services to address the mar 
ketplace. 
To summarize, there are numerous frequencies that 

are available in the one fifty, four fifty, eight hundred 
and nine hundred megahertz radio bands that are cur 
rently allocated for two-way services that could include 
the transmission of data services based upon serial data 
protocols. Both one-way and two-way wireless systems 
use serial data protocols which have the common prop 
erty that a single subcarrier is modulated to encode a 
single stream of information. New radio spectrum (as it 
becomes available) may be allocated by the FCC. A 
portion of the frequencies may be allocated for data 
services. As there are numerous radio carriers that are 
evaluating the offering of data services, their tremen 
dous diversity will bring forth numerous data architec 
tures to address the marketplace. 
2. X.25 Packet Data Systems 

X.25 packet data systems have been in existence for 
years. They were initially used for commercial dedi 
cated network communications that were typically 
fixed point to fixed point in nature. X.25 is a CCITT 
packet protocol that has multiple layers and was origi 
nally designed for a wireline environment. It was 
adapted some years ago for the radio environment and 
with some modifications has permitted packets to be 
sent with greater reliability in the wireless environment. 
The primary difference between a wireless X.25 proto 
col and a wireline X.25 protocol is the fact that addi 
tional error correction must be added to the wireless 
packets to increase the reliability of transmission. As the 
packet protocol is serial in nature, as much as fifty per 
cent of the data transmitted pertained to error correc 
tion in an attempt to minimize the amount of packet 
retransmission that could occur when packets were 
improperly received at the destination. However, even 
with the added error correction, it became apparent 
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14 
that the fixed transmitting stations and the mobile equip 
ment had to incorporate an added complexity in an 
construction in attempt to directly address the retrans 
mission phenomenon when packets were improperly 
received by the destination equipment. This added com 
plexity is in the form of additional processing equipment 
that had to be located at fixed stations and also within 
the mobile equipment. There have been numerous per 
mutations of needed additional equipment. It consists 
generally of added processing hardware which must 
store the received data message and then provide a 
degree of testing to insure that all of the information 
that was sent in the transmission was properly received. 
As data messages continue to increase in length, the 
complexity of the processing increases correspondingly 
so that only portions of the received message would be 
retransmitted in the event of errors. The X.25 packets 
are divided into frames with each frame typically con 
sisting of two hundred fifty-five characters. A message 
consisting of twenty five hundred characters is sent in 
ten X.25 packet frames. 

If frame eight of a ten frame message contains an 
error, the receiving transceiving unit must wait until the 
entire packet is received and then the receiving tran 
sceiving unit requests from the originating transceiver 
that frame number eight be retransmitted to the receiv 
ing transceiving unit. 

Regardless of the exact configuration of the equip 
ment, it can be seen that an added complexity in the 
receiving/transceiving circuitry is needed to store the 
message during the evaluation process and to have the 
ability to request a retransmission of erroneous data. 
The entire message must be stored and then await for 
the erroneous data to be replaced in a new packet. 
Not only is the complexity of the receiving/tran 

sceiving circuitry increased, the originator of the packet 
message also has a corresponding increase in equipment 
complexity. The originating transmitting facility associ 
ated with a base station has to store the entire message 
of twenty five hundred characters and then hold that 
message until it receives verification from the recei 
ving/transceiving unit or a request for missing frames of 
the transmitted information. Assuming that many data 
messages are constantly being processed and transmit 
ted to many different transceivers, the complexity of the 
processing equipment at the data message originating 
end increases dramatically. 

In terms of air time efficiency, this retransmission of 
packets serves to reduce the numbers of subscribers that 
a two-way data mobile system is capable of accommo 
dating. 
Some of the wireless carriers have aligned with the 

European MPT1327 protocol. There are numerous 
permutations of this protocol each having different 
identifying numbers. The overall theory of operation 
remains essentially the same for each. It is a form of fast 
frequency shift keying (FFSK) that is utilized on nar 
row band radio channels. The MPT protocol in its most 
typical application is similar to that of many SMR sys 
tems. There is typically a setup channel and a number of 
working channels. The structure of the MPT protocol 
is such that it is similar to the one-way POCSAG paging 
protocol discussed above (CCIR radio paging code 
number one). The MPT protocol like POCSAG, is 
semi-synchronous in nature with time slots that can be 
allocated for messages to be sent to specific mobiles. 
The control channel is responsible for the tracking con 
trol of the mobile data units. The MPT protocol has the 
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ability to handle voice as well as data transmissions. 
When voice or extended data transmissions are re 
quired, the mobile is sent to a traffic channel. 
As discussed above regarding the X.25 protocol, the 

same complexities for both the receiving and transmit 
ting transceiver are required to insure the reliable trans 
mission of information when erroneous data transmis 
sions occur. Essentially, the system must request a re 
transmission of the missing data which in turn lowers 
the throughput efficiency of the data system dramati 
cally and therefore, lowers the number of subscribers 
that may be accommodated accordingly. 
The European MPT protocol with its 63, 48, cyclic 

code can tolerate bit fade error with varying results. 
The more bit errors that are tolerated (five bits maxi 

mum or 4.166 milliseconds) the greater the probability 
of an erroneous data character will be received that 
could cause a problem. If the error occurred during the 
ID code or a channel change command, the result is a 
catastrophic loss in communications. 

If the number of tolerable error bits are decreased to 
one or two bits, the decoding reliability increases con 
siderably. However, the fade tolerance suffers a corre 
sponding decrease (eight hundred thirty-three and six 
teen hundred sixty-six microseconds respectively). 
The MPT protocol is gaining an increased popularity 

for dispatch government, political, law enforcement, 
fire department and numerous other two-way radio 
data services that need both short data and analog com 
munications. A loss of message or erroneous data char 
acters can have serious consequences in an emergency 
situation. A wrong address to dispatch a fire truck or 
ambulance can cause a life threatening situation. A 
missed message from a police officer or a need for help 
situation can be fatal. 
The semi-synchronous nature of the MPT protocol 

affords little tolerance for error correction of the data 
from the fading environment. 
3. Cellular Data Systems 

Cellular radio has an ability to address data services 
which is similar to the previously described two-way 
systems. Cellular operating frequencies are wideband in 
nature and permit both voice and data to be transmitted 
on a working channel. Much like the MPT protocol, 
cellular has a setup channel that communicates in a data 
only fashion to all of the mobiles that reside within a 
cell. This setup channel is responsible for keeping track 
of mobiles. Cellular systems have a data rate of approxi 
mately ten kilobaud that communicates to the cellular 
mobile units. The cellular system protocol is synchro 
nous in nature and transmits data in a serial fashion. 

Cellular radio systems have a similar problem that is 
experienced when fades occur during a transmission to 
a mobile that wishes to place or receive a call. The call 
setup process is aborted when bit error occurs during 
call setup. This typically gives the cellular mobile user 
a system busy response. In the case where a land to 
cellular mobile call is being attempted, the reception of 
erroneous data precipitates a “mobile out of range' or 
"message to be received by the telephone party”. 

During a cellular mobile telephone call, the mobile is 
directed to a working channel by data sent to the mobile 
from the setup channel. Once the mobile is placed on a 
working channel, the voice conversation can begin and 
due to the wide operating bandwidth of the channel, 
both the voice conversation between three hundred and 
three thousand hertz can occur as well as ten kilobaud 
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data stream that permits data to be sent from the mobile 
to the system or visa versa. 
The amount of data that is sent on the cellular work 

ing channel is typically minimal. From the cellular sys 
tem to the mobile, data is typically sent concerning a 
call hand off or an increase/decrease in operating 
power. When this information is subject to a fade that 
precipitates the loss of data, the mobile will either fail or 
change its power correspondingly resulting in a noisy 
conversation or a cellular hand off information is incor 
rectly received and a catastrophic failure with loss of 
call results. 
4. Data Service Air Time Inefficiencies 

Research by G. Cromack of Cromack Industries has 
indicated that the probability for data error increases 
when more data bits in a message are dedicated for 
error correction. The theoretical throughput is approxi 
mately eighteen percent for a mobile data communica 
tions system. In reality, the data throughput of the mo 
bile system could be as low as ten percent. This low 
throughput rate is due to a number of factors that relate 
to the design of the protocol utilized, and is in part, 
indirectly caused by the lack of robustness of the proto 
cols to the effects of radio fading. In order to increase 
the efficiency and probability of reliable mobile data 
communications, the robustness of the data stream must 
be improved significantly. 
5. Data Service Problematic Areas 

Basically there are four distinct problematic areas 
that need to be addressed and the problems resolved to 
provide a substantial increase in air time efficiency. The 
four problematic areas serve to collectively combine to 
reduce the overall operating efficiency of a mobile data 
service. They are as follows: 

a. Data Message Reliability 
All of the current data services are serial in format. 

There needs to be an improvement in the serial data 
stream that can eliminate erroneous characters from 
being received. The primary cause of erroneously re 
ceived characters is due to the phenomenon of fading. 
Fading for purposes of this explanation, is defined as 
any form of natural or man-made phenomenon that 
causes the median signal level to drop below that of the 
receiving circuitry's threshold receiving level. This 
fading could be caused by the effect of Rayleigh fading, 
multipath reception and waveform distortions caused 
by man-made or natural noises. The net effect of a fade 
is such that the receiver, transceiver or receiving cir 
cuitry associated with a base station will experience 
either an erroneous or lost character or, in a worst case, 
the loss of an entire message. The accumulative effect of 
this fading phenomena takes place at all radio frequen 
CeS. 

The cumulative effects of fading serve to substan 
tially decrease air time efficiency of a mobile data chan 
nel. It first causes a mobile to request the retransmission 
of additional data that was missed or erroneously re 
ceived due to the fade. Many of the serial protocols 
transmit blocks of characters that are two hundred 
fifty-five characters each. Even though there may only 
be five or six erroneous characters, the entire block of 
two hundred and fifty-five characters must be resent to 
the mobile. Additional air time is consumed by the 
mobiles request for retransmission of data, thereby mak 
ing the radio channel unavailable to other mobile data 
units. The problem is further aggravated by the in 
creased number of transmissions from mobiles request 
ing missing blocks of transmission of data to be retrans 
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mitted, the probability for mobile transmission colli 
sions increases considerably. It is the collective combi 
nation of the added air time for the retransmission of 
missing data that typically requires a much greater num 
ber of characters to be retransmitted than the few miss 
ing characters, additional air time delays during trans 
missions, and the potential for additional collisions to 
occur, that accumulative reduce the air time efficiency. 

b. Increased Data Speed on Narrow Band Channels 
Many of the serial data protocols transmit data at 

1200 baud (subcarrier 1200 Hz.). At 1200 baud (or 1200 
BPS), the actual data throughput speed when a number 
error correction bits and other overheads are taken into 
account serves to make the data bit transmission rate 
very slow. This effectively reduces the number of mo 
bile data units that can reside on an individual channel. 
In order to increase the number of mobile data units on 
the existing radio infrastructure, higher speed data pro 
tocols need to be implemented. The constraints of the 
current narrow bandwidth channels are such that a 
transmission philosophy must be compatible with the 
current bandwidth requirements to permit a high speed 
protocol to be implemented. If a data speed increase 
could be achieved, the number of mobile units that 
reside on a data channel could be increased by that 
increase correspondingly. 

c. Median Field Strength 
The median field strength for most data services is 

typically forty-three dbu. This corresponds approxi 
mately to one hundred thirty microvolts per meter of 
radio field strength. This field strength requirement is to 
permit a ninety-five percent reliability in the transmis 
sion and reception of data messages. This poses a prob 
lem with the current infrastructure in that to serve a 
metropolitan area, numerous radio transmitters and 
receivers are required to provide service. When multi 
ple channels and a data service are accommodated, it 
becomes apparent that large numbers of radio transmit 
ter receivers are required to provide reliable service in 
a metropolitan area. Techniques should be evaluated to 
reduce the number of radio transmitters necessary to 
provide reliable data service in a metropolitan area. If 
the median field strength could be reduced by one-half 
(e.g. three dbu), the number of corresponding transmit 
ters would be reduced proportionately. Therefore any 
technological advance that could reduce the number of 
radio transmitters to provide such a data service has a 
net resultin reducing capital plant equipment cost to the 
data service company, with a corresponding decrease in 
cost of service to the end data user. 

d. Battery Consumption 
Current mobile services are not sensitive to consump 

tion of battery current. The electronics to process the 
receiving and transmitting of data messages have little 
impact on a vehicular transceiver that has an automo 
tive battery at its disposal. However, there is a move in 
the industry towards increased portability and downsiz 
ing of very sophisticated computer products. Comput 
ers have progressed from twenty-five pound desktop 
devices to easily portable devices. Computers that are 
now this mobile and portable have a tremendous re 
quirement for the receipt of wireless data. They are no 
longer confined to a desktop or dedicated telephone line 
to receive or transmit data information. However, with 
the downsizing and portability of these computer prod 
ucts, the battery power available for two-way transmis 
sion services becomes critical. The power output of the 
transceiver needs to be minimized in order to conserve 
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battery life. More importantly, in order to gain the 
greatest savings in battery efficiency, the number of 
retransmissions to receive missed data must be reduced 
as much as possible. The previously described data 
speeds, field strength requirements, and robustness of 
the data protocol become critical factors to accommo 
date the portable devices which are anticipated to be 
introduced into the wireless marketplace. 
The analysis of error rates described above with ref 

erence to one-way wireless communications in FIGS. 
4A-4J and 5 involving digital protocols, such as POC 
SAG, is equally applicable to two-way wireless com 
munications. Atmospheric fading causes two-way wire 
less systems to experience the same types of errors in 
transmissions between message originating transceivers 
and receiving circuitry associated with base stations 
(uplink) and transmissions between transmitters located 
at base stations (downlink) and message receiving trans 
ceivers as occur in one-way communication systems 
between a transmitter and a receiver. 

Technical Digest No. 8, October 1967, published by 
Western Electric entitled “Time Diversity Transmis 
sion System', authored by W. R. G. Dwayne discloses 
a system for improving the reliability of atmospheric 
transmission. The system utilizes time diversity trans 
mission such that a single signal source is broken up into 
plural signals which are separated in time which are 
sequentially transmitted through the atmosphere in a 
serial mode to the receiver. The receiver reconstructs 
the original signal by using a diversity combiner which 
sums the outputs of signal delays corresponding to the 
signal delays used at the transmitter which receive in 
puts from the detected radio signal. 

U.S. Pat. No. 3,526,837 discloses an error correction 
system utilizing multiple transmission channels with 
time displacement between the transmission of the in 
formation modulating each channel. 

U.S. Pat. No. 4,286,337 discloses a radio communica 
tions system in which disturbed sections of the transmit 
ted information are replaced. The disturbed sections 
may be replaced by using one or more simultaneous 
transmission paths, time staggering multiple transmis 
sion of the same signal or transmitting from the receiver 
that a dropout has occurred to the transmitter to request 
retransmission of the information. 
U.S. Pat. No. 4,298,984 discloses a system for elimi 

nating transmission defects by transmitting data in first 
and second identical data streams. A time delay is pro 
vided between the data streams. Data streams are com 
pared by a logic circuit with one of four signals being 
produced as an output of the comparison which encode 
the relative levels of the first and second data streams. 
The one of four signals drives an audio voltage con 
trolled oscillator to produce conventional tone keying. 
A transmitter is modulated from the output of the oscil 
lator. 

U.S. Pat. No. 4,485,357 discloses a transmission sys 
tem utilizing the amplitude and phase modulation of a 
carrier signal by two respective input signals. The phase 
modulated signals are phase displaced sinusoidal signals. 

U.S. Pat. No. 4,641,318 discloses a system for elimi 
nating Rayleigh fading of channels. The disclosed sys 

65 
tem relies upon the increasing of the time duration of 
each individual bit so that the bit length exceeds the 
duration of a typical Rayleigh fade by dividing a high 
speed bit stream into parallel longer duration bit streams 
and simultaneously transmitting the longer duration bit 
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streams. A plurality of frequency shift modulators are 
used to transmit the respective parallel streams. 

U.S. Pat. No. 4,849,990 discloses a digital communi 
cation system which utilizes two transmission paths 
having substantially different transmission time inter 
vals between the signal source and the output of the 
receiving side. 

DISCLOSURE OF INVENTION 

The present invention relates to one- and two-way 
wireless transmission of information subject to atmo 
spheric fading for a time interval which eliminates erro 
neous information transmission caused by atmospheric 
fading, maintains synchronism between transmitting 
and receiving circuitry and requires less radiated power 
than prior art one-way and two-way wireless systems. 
With the invention a broadcast radio frequency carrier 
is modulated with a subcarrier modulated with first and 
second encoded information streams preferably con 
taining the identical information from the first and sec 
ond encoded information streams with a time delay 
interval offset between the information streams greater 
than the time interval to produce preferably identical 
first and second parallel information streams as modu 
lated on the subcarrier which are time offset by the time 
delay interval, and method of operation. The present 
invention also is a receiver and transceiver for receiving 
atmospheric transmission of the first and second parallel 
streams and processing the first and second parallel 
information streams to replace faded information within 
the parallel information streams which has been lost or 
rendered erroneous because of atmospheric fading with 
the information or information units from at least one of 
the parallel information streams which is time offset 
from the faded information by the time delay interval 
and method of operation. Faded information is any 
changed information or information units such as bits, 
nibbles or bytes, or digital words caused by atmospheric 
fading changing the parallel information streams during 
transmission between the transmitting and receiving 
circuitry. Faded information causes the receiving cir 
cuitry to output erroneous information or information 
units different from the information or information units 
which were transmitted. The present invention also is a 
system for one-way wireless and two-way wireless at 
mospheric transmission of information subject to fading 
and method of operation thereof. 
As used hereinafter, receiving circuitry is circuitry 

used in a receiver, transceiver or associated with a 
switch or processor associated with a base station for 
processing, demodulating and decoding the subcarrier 
used with the present invention. Receiving circuitry 
used in practicing the invention may take many differ 
ent forms. 
As used hereinafter, transmitting circuitry is circuitry 

associated with a transmitter associated with a base 
station or a transceiver for processing, encoding and 
modulating the subcarrier used with the present inven 
tion. Transmitting circuitry used in practicing the in 
vention may take many different forms. 
The individual cycles of the subcarrier may each 

respectively be modulated to contain part of the bits 
which in totality make up each unit of information, such 
as the example below for modulation of the squarewave 
subcarrier in which individual 8-bit characters of a mes 
sage are broken into two 4-bit nibbles which sequen 
tially modulate halves of the same cycle or different 
cycles of the squarewave to encode the individual char 
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acter. Alternatively, the individual modulated cycles of 
the subcarrier may each contain at least one complete 
unit of information. In either circumstance, the time 
delay interval time offsets identical information units or 
identical parts of a full unit of information in the parallel 
information streams as modulated on the subcarrier. 
The present invention has substantial advantages 

over the prior art. Information transmission is per 
formed more reliably with fewer errors, at a higher rate 
and the transmission thereof requires smaller radiated 
power when compared to the prior art. With respect to 
the POCSAG protocol, the present invention provides 
information transmission rates which are approximately 
an order of magnitude or more higher, a reliability 
which is orders of magnitude higher while not requiring 
substantial modification to the infrastructure in place 
and a substantial drop in the required radiated power 
level. The invention provides wireless one or two-way 
transmission of information such as on narrow band 
channels used for paging such as channels having 5 
KHz FM deviation limits. With the invention, synchro 
nization is maintained between the broadcast parallel 
information streams modulated on the subcarrier and 
the receiving circuitry even when atmospheric fades 
occur of a duration up to or greater than 400 millisec 
onds which was not possible with the prior art POC 
SAG protocol or other protocols which are limited to 
fades representing a two-bit error or less which is typi 
cally 2 to 4 milliseconds. 
An additional benefit of the invention resides in the 

ability to reduce the number of bits of error correction 
code which are present in each transmitted digital word 
encoding information. The replacement of erroneous 
characters by processing of the decoded first and sec 
ond parallel information streams can correct errors 
caused by fades which otherwise would be corrected by 
processing with an error correction routine using en 
bedded error correction bits. Therefore, a higher 
throughput of bits encoding information and a lower 
throughput of bits encoding error correction code is 
achieved. As a result, the information or data through 
put of the system is increased by reducing error correc 
tion code overhead such as reducing the number of 
error correction bits from those necessary to correct for 
two bit errors to one bit errors. 
With the invention, the information to be transmitted 

is formed into first and second encoded information 
streams comprised of any type of digitally encoded 
information. The information streams are time offset 
with respect to each other by a calculated or fixed time 
delay interval which is greater in duration than any 
anticipated atmospheric fade and modulate cycles of a 
subcarrier to produce first and second parallel informa 
tion streams as modulated on cycles of the subcarrier 
which are time offset by the time delay interval. The 
first parallel stream preferably contains all of the infor 
mation of the first encoded information stream and the 
second parallel stream preferably contains all of the 
information of the second encoded information stream 
which makes them identical. In one preferred embodi 
ment of the invention, quadrants of cycles of a subcar 
rier are modulated with the first and second information 
streams which are offset with the time delay interval 
between the encoded information streams to produce 
the first and second parallel streams each containing 
preferably all of the information to be atmospherically 
transmitted with the first parallel information stream as 
modulated on the subcarrier being time displaced from 
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the second parallel information stream by the time delay 
interval. Alternatively, in another preferred embodi 
ment, a subcarrier, such as a squarewave, may be pulse 
width modulated with different pulse widths represen 
tative of different numeric values with successive parts 
or halves of cycles of the subcarrier being pulse width 
modulated with the first and second encoded informa 
tion streams to produce the first and second parallel 
streams modulated on cycles of the subcarrier with the 
first parallel information stream as modulated on the 
subcarrier being time displaced from the second parallel 
information stream by the time delay interval. 
While in a preferred embodiment a single cycle of an 

analog subcarrier or a single cycle of a digital subcarrier 
are modulated with the first and second encoded infor 
nation streams to produce the first and second parallel 
information streams, it is not necessary that the inven 
tion be practiced in this manner. Alternatively, the first 
and second information streams may be time multi 
plexed by the encoder so that one or more cycles of the 
Subcarrier are exclusively modulated with one of the 
parallel streams and a subsequent one or more cycles of 
the subcarrier are exclusively modulated with the other 
of the parallel streams with each parallel stream prefera 
bly carrying all of the information to be atmospherically 
transmitted. The time multiplexing may be such that 
several successive cycles of the subcarrier are modu 
lated only with one of the encoded information streams 
to produce the modulation of one of the parallel streams 
followed by several successive cycles of the subcarrier 
being modulated with the other of the encoded informa 
tion streams to produce the modulation of the other of 
the parallel information streams. 
The simplest form of modulation in practicing the 

invention is to time multiplex modulate a single cycle of 
a subcarrier with the first and second encoded informa 
tion streams to produce the first and second parallel 
streams modulated on cycles of the subcarrier for the 
reason that no synchronization information is required 
to provide timing for decoding the parallel information 
streams. On the other hand, if one or more cycles of the 
subcarrier are exclusively modulated with one of the 
encoded information streams to modulate one of the 
parallel information streams followed exclusively by 
the other of the encoded information streams exclu 
sively modulating the subcarrier to modulate the other 
of the parallel information streams, the receiving cir 
cuitry is designed so that the identity of the information 
stream that is being received at any time is known to 
permit subsequent processing including providing re 
placement of erroneous information when faded infor 
mation is detected by processing the error correction 
information transmitted with each of the parallel infor 
mation streams. 
The present invention relies upon conventional error 

correction codes to correct minor bit errors in each of 
the first and second parallel information streams which 
are detected by the receiving circuitry. However, when 
an erroris detected, such as a three-bit error in the prior 
art which is of sufficient length to not be corrected by 
the error correction routine and representing faded 
information which may cause synchronization to be lost 
between the transmitting circuitry and the receiving 
circuitry, the detected faded information produced by 
the atmospheric fade is replaced with corresponding 
error free unfaded information from one of the first and 
second parallel streams which is time offset by the time 
delay interval between the first and second information 
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streams to permit processing to produce the information 
without error and loss of synchronization. 

Surprisingly, lengthening the time delay interval be 
tween corresponding identical information, or identical 
information units as modulated on the subcarrier in the 
parallel information streams causes a rapid decrease in 
the number of messages which are transmitted with 
errors (faded information) representing a loss of syn 
chronization (not correctable with embedded error 
correction information) between the transmitted infor 
mation stream and the receiving circuitry. This phe 
nomena, which is calculated to result in the transmission 
of messages of 450 characters with a reliability of 
greater than 99.99% transmission without loss of syn 
chronization in a one-way or two-way wireless system, 
may be explained by analyzing the effect caused by 
replacing the detected faded information altered by the 
atmospheric fade with information from one of the first 
and second parallel information streams as modulated 
on the subcarrier which is time offset by the time delay 
interval and which contains the same (identical) infor 
mation contained within the faded information without 
the error. Statistically, most atmospheric fades are of 
relatively short duration but many short duration fades 
are of sufficient duration to cause a three-bit or greater 
error in the reception of the transmitted information 
which may cause loss of synchronism resulting in mes 
sage loss. Therefore, choice of a sufficiently long time 
delay interval insures that there is no significant proba 
bility of erroneous faded information not being replaced 
with error free information which additionally prevents 
loss of synchronism. 
The invention eliminates loss of synchronism caused 

by atmospheric fades of a duration of the length up to a 
length of the time delay interval permitting synchro 
nism to be maintained. Synchronization can be main 
tained without the first and second parallel information 
streams as offset by the time delay interval being identi 
cal and can be maintained with the first and second 
information streams as time offset by the time delay 
interval being totally different. The result of this is that 
faded information is replaced with other information 
which is not related to the faded information but, never 
theless, prevents the receiving circuitry from searching 
for a new transmission as in the prior art because the 
receiving circuitry continues the receiving of the paral 
lel information streams but nevertheless, without cor 
rection of the faded information which requires substi 
tution of corresponding error free information or infor 
mation units from one of the identical first and second 
parallel information streams. Erroneous information 
units within faded information in the parallel informa 
tion streams all replaced with corresponding error free 
information units which are time offset by the time 
delay interval when error free transmission is required. 

Information units from at least one of the first and 
second parallel streams as modulated on the subcarrier 
which are time offset by the time delay interval from 
information units modulated on the subcarrier which 
have been altered by an atmospheric fade contain error 
free information which permits the maintaining of syn 
chronization so that the receiving circuitry is prevented 
from reverting to a search mode to search for the broad 
cast of its address. It should be understood that because 
of the synchronous nature of the operation of the detec 
tion of received information by the receiving circuitry, 
any fade with prior art receiving circuitry of a length 
greater than that which is correctable by the error cor 
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rection code is not identifiable by the receiving cir 
cuitry. On the other hand with the invention, as a conse 
quence of the time offset of the parallel and simulta 
neously broadcast parallel information streams contain 
ing identical information by the time delay interval, 
totally reliable identical error free information is always 
received by the receiving circuitry for fades not greater 
than the time delay interval and may be substituted for 
the information within the fade which permits maintain 
ing of synchronization. 
Moreover, the present invention maintains synchro 

nization even when the fade is of long duration. By 
correcting for the most statistically probable fades 
which have a relatively short duration but which are 
longer than fades which would cause loss of synchroni 
zation and correcting for longer fades which are less 
statistically probable containing relatively large 
amounts of information, it is possible with the present 
invention to replace the detected faded information 
resulting from the atmospheric fade with identical error 
free information from one of the first and second paral 
lel streams which is time offset by the time delay inter 
val to produce an extremely highly reliable one-way or 
two-way atmospheric data transmission for transmitting 
long messages which may be transmitted with much less 
radiated power than in the prior art. The reduction in 
the requirement for radiated power is the result of the 
fact that the present invention may correct for the rela 
tively infrequent atmospheric fades which represent a 
high drop in magnitude because of the statistical proba 
bility that the identical information or identical informa 
tion units from one of the first and second parallel infor 
mation streams which is time offset by the time delay 
interval will not contain a corresponding drop in signal 
level which prevents detection by the receiving cir 
cuitry. As a result, the broadcasting power level of the 
first and second parallel information streams may be 
dropped as a consequence of the ability of the receiving 
circuitry to correct for atmospheric fades which occa 
sionally drop the power of the received first and second 
parallel streams substantially below the threshold level 
of the receiving circuitry because of the ability to re 
place information resulting from the fade with corre 
sponding error free identical information or information 
units from one of the first and second parallel informa 
tion streams which is time offset by the time delay inter 
val which has not dropped in signal level below the 
threshold detection level of the receiver. 

In a preferred embodiment of the present invention, 
the first and second encoded serial information streams 
which modulate the subcarrier each comprise frames of 
information with each frame having a plurality of bits 
encoding error correction information and a plurality of 
bits encoding information from the source of informa 
tion with the error correction information not being 
capable of correcting for a fade of the time interval 
which characterizes atmospheric fading for the particu 
lar frequency and velocity of the receiver or transceiver 
with the determination of an atmospheric fade by the 
receiver or transceiver being performed by determining 
that the error correcting bits cannot correct an error 
detected by processing the first and second parallel 
information streams with an error correction routine 
using the plurality of bits of error correction informa 
tion. 
A system providing atmospheric transmission of in 

formation subject to fading for a time interval by a 
transmitter using a radio frequency carrier modulated 
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with a subcarrier in accordance with the invention in 
cludes a signal processing system having an encoding 
processor, responsive to a source of information, for 
providing a first encoded information stream which 
comprises the information to be atmospherically trans 
mitted and a second encoded information stream which 
also comprises the information to be atmospherically 
transmitted with the second encoded information 
stream being delayed by a time interval with respect to 
the first encoded information stream which is equal to 
or greater than the time interval of the atmospheric 
fading and an encoder, responsive to the first and sec 
ond encoded information streams and coupled to the 
transmitter, for modulating the subcarrier with the first 
and second encoded information streams to produce 
identical first and second parallel information streams 
modulated on cycles of the subcarrier with the first 
parallel information stream containing the first encoded 
information stream and the second parallel information 
stream containing the second encoded information 
stream and with the first parallel information stream as 
modulated on the subcarrier being time displaced from 
the second parallel information stream by the time delay 
interval; and a receiver, the receiver having a detector 
for detecting transmitted first and second parallel infor 
nation streams and at least one processor, responsive to 
the detected parallel information streams, for determin 
ing if faded information is present in at least one of the 
detected first and second parallel information streams 
received by the receiver and in response to determined 
faded information replacing the faded information 
caused by an atmospheric fade with information from 
one of the first and second parallel information streams 
which is time offset by the time delay interval from the 
faded information and processing the at least one paral 
lel information stream containing replacement informa 
tion to produce the information which was atmospheri 
cally transmitted without error. The first and second 
encoded information streams each comprise frames of 
information with each frame having a plurality of bits 
encoding error correction information and a plurality of 
bits encoding information with the error correction 
information not being capable of correcting for a fade of 
the time interval producing faded information in the 
first parallel information stream and the error correc 
tion information of the second encoded information 
stream not being capable of correcting for a fade of the 
time interval producing faded information in the second 
parallel information stream; and the determination of 
faded information by the at least one processor is per 
formed by determining that the error correction bits 
cannot correct an error detected by processing the first 
and second parallel information streams with an error 
correction routine using the plurality of bits of error 
correction information. The at least one processor of 
the receiver further comprises a digital signal processor, 
coupled to the detector and to a control processor, the 
digital signal processor processing detected individual 
cycles of the subcarrier to calculate an integral of at 
least one selected modulated part of each of the individ 
ual cycles, numerically comparing each of the calcu 
lated integrals with a plurality of stored numerical 
ranges which ranges each represent one of a plurality of 
possible numerical values that the selected part may 
encode to identify a stored range numerically including 
the calculated integral and substituting for the at least 
one selected part of each of the cycles the one of the 
plurality of numerical values representative of the iden 
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tified stored range including the calculated integral 
with each numerical value encoding at least a part of an 
information unit in one of the first and second parallel 
information streams; and wherein the digital signal pro 
cessor processes the first and second parallel informa 
tion streams containing the substituted numerical values 
for determining if the faded information is present. 
The digital signal processor processes detected indi 

vidual cycles of the subcarrier modulated with first and 
Second parallel information streams to determine any 
similarity with predetermined stored patterns and modi 
fies at least one of the first and second parallel informa 
tion streams so that the digital signal processor deter 
mines if faded information is present by processing the 
first and second parallel information streams after modi 
fication with at least one of the predetermined stored 
patterns. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the san 
ple value is outside the range of numerical values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 
The first and second encoded information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of the cycles of the sub 
carrier being modulated with the first and second en 
coded information streams or on cycles of the subcar 
rier with pulse width modulation with a width of parts 
of the cycles of the subcarrier being modulated with the 
first and second encoded information streams. The 
pulse width modulation encodes a number within a 
range of numbers and the digital signal processor de 
codes the range of numbers. The range of numbers may 
be 1-16. 
A method of atmospheric transmission of information 

subject to atmospheric fading for a time interval by a 
transmitter to a receiver using a radio frequency carrier 
modulated with a subcarrier in accordance with the 
invention includes providing a first encoded informa 
tion stream which comprises the information to be at 
mospherically transmitted and a second encoded infor 
mation stream which also comprises the information to 
be atmospherically transmitted with the second en 
coded information stream being delayed in time by a 
time delay interval with respect to the first encoded 
information stream which is equal to or greater than the 
time interval of the atmospheric fading; modulating the 
subcarrier with the first and second encoded informa 
tion streams to produce identical first and second paral 
lel information streams modulated on cycles of the sub 
carrier with the first parallel information stream con 
taining the first encoded information stream and with 
the second parallel information stream containing the 
second parallel information stream and with the first 
parallel information stream as modulated on the subcar 
rier being time displaced from the second parallel infor 
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mation stream by the time delay interval; detecting the 
parallel information streams which have been transmit 
ted with the radio frequency carrier with a receiver; 
and determining if faded information is present in at 
least one of the detected first and second parallel infor 
mation streams and in response to determined faded 
information, replacing the faded information caused by 
an atmospheric fade with information from one of the 
first and second parallel information streams which is 
time offset by the delay time interval from the faded 
information and processing the at least one parallel 
information stream containing replacement information 
to produce the information which is atmospherically 
transmitted without error. The first and second encoded 
information streams each comprise frames of informa 
tion with each frame having a plurality of bits encoding 
error correction information and a plurality of bits en 
coding the information with the error correction infor 
mation not being capable of correcting a fade of the 
time interval producing faded information in the first 
parallel information stream and the error correction 
information of the second encoded information stream 
not being capable of correcting a fade of the time inter 
val producing faded information in the second parallel 
information stream; and the determination of faded 
information is performed by determining that the error 
correction bits cannot correct an error detected by 
processing the first and second parallel information 
streams with an error correction routine using the plu 
rality of error correction bits. The process further com 
prises processing detected individual cycles of the sub 
carrier to calculate an integral of at least one selected 
part of each of the individual cycles, comparing each of 
the calculated integrals with a plurality of stored nu 
merical ranges which ranges each represent one of a 
plurality of possible numerical values that the selected 
range may encode to identify a stored range numeri 
cally including the calculated integral and substituting 
for the at least one selected part of each of the cycles the 
one of the plurality of numerical values representative 
of the identified stored range including the calculated 
integral with each numerical value encoding at least a 
part of an information unit in the first and second paral 
lel information streams; and wherein the first and sec 
ond parallel information streams containing the substi 
tuted numerical values are processed for determining if 
the faded information is present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample and at least one sample 
value which succeeds the compared sample value. 
The first and second encoded information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of cycles of the subcar 
rier being modulated with the first and second encoded 
information streams or, alternatively, cycles of the Sub 
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carrier are modulated with a width of parts of cycles of 
the subcarrier being modulated with the first and sec 
ond encoded information streams. 
A receiver for receiving atmospheric transmission of 

information subject to atmospheric fading for a time 
interval using a radio frequency carrier modulated with 
a subcarrier with a subcarrier being modulated with 
first and second identical encoded information streams 
to produce identical first and second parallel informa 
tion streams modulated on cycles of the subcarrier with 
the first parallel information stream containing the first 
encoded information stream and with the second paral 
lel information stream containing the second encoded 
information stream with the parallel information 
streams being atmospherically transmitted with a time 
delay interval between the parallel information streams 
which is equal to or greater than the time interval in 
accordance with the invention includes a detector for 
detecting the first and second parallel information 
streams which have been transmitted with the radio 
frequency carrier; and at least one processor, responsive 
to the detected parallel streams, for determining if faded 
information is present in at least one of the detected first 
and second parallel information streams received by the 
receiver and in response to determined faded informa 
tion replacing the faded information caused by an atmo 
spheric fade with information from at least one of the 
first and second parallel information streams which is 
time offset from the faded information by the time delay 
interval and processing the at least one parallel informa 
tion stream containing replacement information to pro 
duce the information which was atmospherically trans 
mitted without error. The first and second encoded 
information streams each comprises frames of informa 
tion with each frame having a plurality of bits encoding 
error correction information and a plurality of bits en 
coding the information with the error correction infor 
mation of the first encoded information stream not 
being capable of correcting for a fade of the time inter 
val producing faded information in the first parallel 
information stream and the error correction information 
of the second encoded information stream not being 
capable of correcting for a fade of the time interval 
producing faded information in the second parallel in 
formation stream; and the determination of faded infor 
mation by the at least one processor is performed by 
determining that the error correction bits cannot cor 
rect an error detected by processing the first and second 
parallel information streams with an error correction 
routine using the plurality of bits of error correction 
information. The at least one processor of the receiver 
further comprises a digital signal processor, coupled to 
the detector and to a control processor, the digital sig 
nal processor processing detected individual cycles of 
the subcarrier to calculate an integral of at least one 
selected modulated part of each of the individual cycles, 
numerically comparing each of the calculated integrals 
with a plurality of stored numerical ranges which 
ranges each represent one of a plurality of possible 
numerical values that the selected part may encode to 
identify a stored range numerically including the calcu 
lated integral and substituting for the at least one se 
lected part of each of the cycles the one of the plurality 
of numerical values representative of the identified 
stored range including the calculated integral with each 
numerical value encoding at least a part of an informa 
tion unit in one of the first and second parallel informa 
tion streams; and wherein the digital signal processor 
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processes the first and second parallel information 
streams containing the substituted numerical values for 
determining if the faded information is present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 
The first and second parallel information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of the cycles being modu 
lated with the first and second encoded information 
streams or, alternatively, cycles of the subcarrier are 
modulated with pulse width modulation with a width of 
parts of the subcarrier being modulated with the first 
and second encoded information streams. The pulse 
width modulation encodes a number within a range of 
numbers and the signal processor decodes the range of 
numbers. The range of numbers may be between 1 and 
16. 
A method of receiving an atmospheric transmission 

of information subject to atmospheric fading for a time 
interval having a radio frequency carrier modulated 
with a subcarrier with the subcarrier being modulated 
with identical first and second encoded information 
streams to produce identical first and second parallel 
information streams modulated on cycles of the subcar 
rier with the first parallel information stream containing 
the first encoded information stream and with the Sec 
ond parallel information stream containing the second 
encoded information stream with the parallel informa 
tion streams being atmospherically transmitted with a 
time delay interval between the parallel streams as mod 
ulated on the subcarrier which is equal to or greater 
than the time interval in accordance with the invention 
comprises the steps detecting the first and second paral 
lel information streams which have been transmitted 
with the radio frequency carrier; and determining if 
faded information is present in at least one of the de 
tected first and second parallel information streams and 
in response to determined faded information replacing 
the faded information caused by an atmospheric fade 
with information from one of the first and second paral 
lel information streams which is time offset from the 
faded information by the time delay interval and pro 
cessing the at least one parallel information stream con 
taining replacement information to produce the infor 
mation which was atmospherically transmitted without 
error. The first and second encoded information 
streams each comprise frames of information with each 
frame having a plurality of bits encoding error correc 
tion information and a plurality of bits encoding the 
information with the error correction information of the 
first encoded information stream not being capable of 
correcting for a fade of the time interval producing 
faded information in the first parallel information 
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stream and the error correction information of the sec 
ond encoded information stream not being capable of 
correcting for a fade of the time interval producing 
faded information in the second parallel information 
stream; and the determination of faded information is 
performed by determining that the error correction bits 
cannot correct an error detected by processing the first 
and second parallel information streams with an error 
correction routine using the plurality of error correc 
tion bits. The process further includes processing de 
tected individual cycles of the subcarrier to calculate an 
integral of at least one selected part of each of the indi 
vidual cycles, comparing each of the calculated inte 
grals with a plurality of stored numerical ranges which 
ranges each represent one of a plurality of possible 
numerical values that the selected range may encode to 
identify a stored range numerically including the calcu 
lated integral and substituting for the at least one se 
lected part of each of the cycles the one of a plurality of 
numerical values representative of the identified stored 
range including the calculated integral with each nu 
merical value encoding at least a part of an information 
unit in the first and second parallel information streams; 
and wherein the first and second parallel information 
streams containing the substituted numerical values are 
processed for determining if the faded information is 
present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 
The first and second parallel information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of the cycles of the sub 
carrier being modulated with the first and second en 
coded information streams or, alternatively, the cycles 
of the subcarrier are modulated with pulse width modu 
lation with a width of parts of cycles of the subcarrier 
being modulated with the first and second encoded 
information streams. A cycle of the subcarrier is modu 
lated with the first and second encoded information 
streams or, alternatively, one or more successive cycles 
of the subcarrier are modulated exclusively only with 
the first encoded information stream and one or more 
subsequent cycles of the subcarrier are modulated ex 
clusively only with the second encoded information 
stream. A single cycle of the subcarrier modulated ex 
clusively with the first encoded information stream 
contains all of a number of bits encoding one unit of the 
information and the single cycle of the subcarrier modu 
lated exclusively with the second encoded information 
stream contains all of the number of bits encoding one 
unit of information or, alternatively, the single cycle of 
the subcarrier modulated with the first encoded infor 
mation stream contains part of a number of bits encod 
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ing one unit of the information and a subsequent cycle 
of the subcarrier modulated with the second encoded 
information stream contains part of the number of bits 
encoding one unit of the information. Furthermore, in a 
method of receiving an atmospheric transmission in 
accordance with the invention, the at least one selected 
part is a plurality of phases or angular positions within 
a 360 cycle of the subcarrier or, alternatively, is first 
and second halves of a squarewave. 
A signal processing system for use with a transmitter 

for atmospheric transmission of information subject to 
atmospheric fading for a time interval to at least one 
radio frequency receiver by modulating an atmospheri 
cally transmitted radio frequency carrier with a subcar 
rier in accordance with the invention includes an encod 
ing processor, responsive to a source of information, for 
providing a first encoded information stream which 
comprises the information to be atmospherically trans 
mitted and a second encoded information stream which 
also comprises the information to be atmospherically 
transmitted with the second encoded information 
stream being delayed by a time delay interval with 
respect to the first information stream which is equal to 
or greater than the time interval of the atmospheric 
fading; and an encoder for coupling to the transmitter, 
responsive to the first and second encoded information 
streams, for modulating the subcarrier with the first and 
second encoded information streams to produce identi 
cal first and second parallel information streams modu 
lated on cycles of the subcarrier with the first parallel 
information stream containing the first encoded infor 
mation stream and with the second parallel information 
stream containing the second encoded information 
stream and with the first parallel information stream as 
modulated on the subcarrier being time displaced from 
the second parallel information stream by the time inter 
val. The encoder modulates cycles of the subcarrier 
with multiple phase modulation with phases of the cy 
cles of the subcarrier being modulated with the first and 
second encoded information streams or, alternatively, 
cycles of the subcarrier are modulated with pulse width 
modulation with a width of parts of the cycles of the 
subcarrier being modulated with the first and second 
encoded information streams. The information is char 
acters and characters of the first and second encoded 
information streams are each encoded with a plurality 
of bits. The characters of the first and second encoded 
information streams may be diphase, quadrature modul 
lated on the subcarrier with bits in quadrants of cycles 
of the subcarrier or, alternatively, the characters of the 
first and second information streams are pulse width 
modulated on parts of the cycles of the subcarrier en 
coding a number within a range of numbers which may 
be from 1-16. 
The first and second encoded information streams 

each comprise frames of information with each frame 
having a plurality of bits encoding error correction 
information and a plurality of bits encoding information 
from the source of information with the error correc 
tion information of the first encoded information stream 
not being capable of correcting for a fade of the time 
interval producing faded information in the first parallel 
information stream and the error correction information 
of the second encoded information stream not being 
capable of correcting for a fade of the time interval 
producing faded information in the second parallel in 
formation stream. The time interval is of a length which 
would cause the receiver to lose synchronism with the 
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transmitted parallel information streams without re 
placement of faded information caused by the atmo 
spheric fade with information offset in time from the 
faded information by the time delay interval from at 
least one of the transmitted parallel information streams. 
The channel has a depth of modulation of 5 KHz. and 
the subcarrier is at least 1200 Hz. 
A method for atmospheric transmission of informa 

tion subject to atmospheric fading for a time interval to 
a receiver by modulating an atmospherically transmit 
ted radio frequency carrier with a subcarrier in accor 
dance with the invention includes providing a first en 
coded information stream which comprises the informa 
tion to be atmospherically transmitted and a second 
encoded information stream which also comprises the 
information to be atmospherically transmitted with the 
second information stream being delayed by a time 
delay interval with respect to the first information 
stream which is equal to or greater than the time inter 
val of the atmospheric fading; and modulating the sub 
carrier with the first and second encoded information 
streams to produce identical first and second parallel 
information streams modulated on cycles of the subcar 
rier with the first parallel information stream containing 
the first encoded parallel information stream and with 
the second parallel information stream containing the 
Second encoded information stream and with the first 
parallel information stream as modulated on the subcar 
rier being time displaced from the second parallel infor 
mation stream by the time delay interval. The modula 
tion of the subcarrier is a multiphase modulation with 
phases of the cycles of the subcarrier being modulated 
with the first and second encoded information streams 
or, alternatively, the cycles of the subcarrier are pulse 
width modulated with a width of parts of the cycles of 
the subcarrier being modulated with the first and sec 
ond -encoded information streams. The information 
source provides alphanumeric characters and charac 
ters of the first and second encoded information streams 
are each encoded with a plurality of bits. The characters 
of the first and second encoded information streams 
may be diphase, quadrature modulated on the subcar 
rier with bits in quadrants of the subcarrier or, alterna 
tively, the characters of the first and second encoded 
information streams are pulse width modulated in parts 
of the cycles of the subcarrier to encode a number 
within a range of numbers in each part which may be 
from 1-16. The first and second encoded information 
streams each comprise frames of information with each 
frame having a plurality of bits encoding error correc 
tion information and a plurality of bits encoding infor 
mation from a source of information with the error 
correction information of the first encoded information 
stream not being capable of correcting for fade of the 
time interval producing faded information in the first 
parallel information stream and the error correction 
information of the second encoded information stream 
not being capable of correcting for a fade of the time 
interval producing faded information in the second 
parallel information stream. The time interval is of a 
length which would cause loss of synchronism with the 
transmitted parallel information streams without re 
placement of faded information caused by the atmo 
spheric fade with information offset in time from the 
faded information by the time delay interval from at 
least one of the transmitted parallel information streams. 
A single cycle of the subcarrier modulated with the 

first encoded information stream contains part of a num 
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ber of the bits encoding one unit of the information and 
a single cycle of the subcarrier modulated with the 
second encoded information stream contains a part of 
the number of bits encoding one unit of the information 
or, alternatively, a single cycle of the subcarrier modu 
lated with the first encoded information stream contains 
all of the number of bits encoding one unit of the infor 
mation and a single cycle of the subcarrier modulating 
with the second encoded information stream contains 
all of the number of bits encoding one unit of the infor 
mation. A single cycle of the subcarrier is modulated 
with the first and second encoded information streams 
or one or more successive cycles of the subcarrier are 
modulated exclusively only with the first encoded in 
formation stream and one or more successive subse 
quent cycles of the subcarrier are modulated exclu 
sively only with the second encoded information 
Stream. 
A transceiver which receives atmospherically trans 

mitted information with the transmission of information 
being subject to atmospheric fading for a time interval 
and using a carrier modulated with a subcarrier with the 
subcarrier being modulated with first and second en 
coded information streams to produce identical first and 
second parallel information streams modulated on cy 
cles of the subcarrier with the first parallel information 
stream containing the first encoded information stream 
and with the second parallel information stream con 
taining the second encoded information stream with the 
parallel information streams being atmospherically 
transmitted with a time delay interval between the par 
allel information streams as modulated on the subcarrier 
which is equal to or greater than the time interval in 
accordance with the invention includes a detector for 
detecting first and second parallel information streams 
which have been transmitted with the carrier; and at 
least one processor, responsive to the detected parallel 
streams, for determining if faded information is present 
in at least one of the detected first and second parallel 
information streams received by the transceiver and in 
response to determined faded information replacing the 
faded information caused by an atmospheric fade with 
information from at least one of the first and second 
parallel information streams which is time offset from 
the faded information by the time delay interval and 
processing the at least one parallel information stream 
containing replacement information to produce the 
information which was atmospherically transmitted 
without error. The first and second encoded informa 
tion streams each comprises frames of information with 
each frame having a plurality of bits encoding error 
correction information and a plurality of bits encoding 
the information with the error correction information of 
the first encoded information stream not being capable 
of correcting for a fade of the time interval producing 
faded information in the first parallel information 
stream and the error correction information of the sec 
ond encoded information stream not being capable of 
correcting for a fade of the time interval producing 
faded information in the second parallel information 
stream; and the determination of faded information by 
the at least one processor is performed by determining 
that the error correction bits cannot correct an error 
detected by processing the first and second parallel 
information streams with an error correction routine 
using the plurality of bits of error correction informa 
tion. The at least one processor of the transceiver fur 
ther includes a digital signal processor, coupled to the 
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detector and a signal processor, the digital signal pro 
cessor processing detected individual cycles of the sub 
carrier to calculate an integral of at least one selected 
modulated part of each of the individual cycles, numeri 
cally comparing each of the calculated integrals with a 
plurality of stored numerical ranges which ranges each 
represent one of a plurality of possible numerical values 
that the selected part may encode to identify a stored 
range numerically including the calculated integral and 
substituting for the at least one selected part of each of 
the cycles the one of the plurality of numerical values 
representative of the identified stored range including 
the calculated range with each numerical value encod 
ing at least a part of an information unit in one of the 
first and second parallel information streams; and 
wherein the digital signal processor processes the first 
and second parallel information streams containing the 
Substituted numerical values for determining if the 
faded information is present. The first and second paral 
lel information streams are modulated on cycles of the 
Subcarrier with multiple phase modulation with phases 
of the cycles being modulated with the first and second 
encoded information streams or, alternatively, cycles of 
the subcarrier are modulated with pulse width modula 
tion with a width of parts of the subcarrier being modu 
lated with the first and second encoded information 
streams. The pulse width modulation encodes a number 
within a range of numbers and the signal processor 
decodes the range of numbers. The range of numbers 
may be between 1-16. 
A method of receiving an atmospheric transmission 

of information by a transceiver with the transmission 
being subject to atmospheric fading for a time interval 
on a channel having a carrier modulated with a subcar 
rier with the subcarrier being modulated with first and 
second encoded information streams to produce identi 
cal first and second parallel information streams modu 
lated on cycles of the subcarrier with the first parallel 
information stream containing the first encoded infor 
mation stream and with the second parallel information 
stream containing the second encoded information 
stream with the parallel information streams being at 
mospherically transmitted with a time delay interval 
between the parallel streams as modulated on the sub 
carrier which is equal to or greater than the time inter 
val in accordance with the invention comprises the 
steps detecting the first and second parallel information 
streams which have been transmitted with the carrier; 
and determining if faded information is present in at 
least one of the detected first and second parallel infor 
mation streams and in response to the determined faded 
information replacing the faded information caused by 
an atmospheric fade with information from one of the 
first and second parallel information streams which is 
time offset from the faded information by the time delay 
interval and processing the at least one parallel informa 
tion stream containing replacement information to pro 
duce information which was atmospherically transmit 
ted without error. The first and second encoded infor 
mation streams each comprise frames of information 
with each frame having a plurality of bits encoding 
error correction information and a plurality of bits en 
coding the information with the error correction infor 
mation of the first encoded information stream not 
being capable of correcting for a fade of the time inter 
val producing faded information in the first parallel 
information stream and the error correction information 
of the second encoded information stream not being 
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capable of correcting for a fade of the time interval 
producing faded information in the second parallel in 
formation stream; and the determination of faded infor 
mation is performed by determining that the error cor 
rection bits cannot correct an error detected by process 
ing the first and second parallel information streams 
with an error correction routine using the plurality of 
error correction bits. 
The process further includes processing detected 

individual cycles of the subcarrier to calculate an inte 
gral of at least one selected modulated part of each of 
the individual cycles, numerically comparing each of 
the calculated integrals with a plurality of stored nu 
merical ranges which ranges each represent one of a 
plurality of possible numerical values that the selected 
range may encode to identify a stored range numeri 
cally including the calculated integral and substituting 
for the at least one selected part of each of the cycles the 
one of the plurality of numerical values representative 
of the identified stored range including the calculated 
integral with each numerical value encoding at least a 
part of an information unit in the first and second paral 
lel information streams; and wherein the first and sec 
ond parallel information streams containing the substi 
tuted numerical values are processed for determining if 
the faded information is present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 

Detected individual cycles of the subcarrier modu 
lated with the first and second parallel information 
streams are processed to determine any similarity with 
predetermined stored patterns. The first and second 
parallel information streams are modified with predeter 
mined stored patterns so that a determination if faded 
information is present is made by processing the first 
and second parallel information streams after modifica 
tion with at least one of the stored patterns. 
The first and second parallel information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of the cycles of the sub 
carrier being modulated with the first and second en 
coded information streams or, alternatively, the cycles 
of the subcarrier are modulated with pulse width modu 
lation with a width of parts of the cycles of the subcar 
rier being modulated with the first and second encoded 
information streams. A single cycle of the subcarrier is 
modulated with the first and second encoded informa 
tion streams or, alternatively, one or more successive 
cycles of the subcarrier are modulated exclusively only 
with the first encoded information stream and one or 
more successive subsequent cycles of the subcarrier are 
modulated exclusively only with the second encoded 
information stream. A single cycle of the subcarrier 
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modulated exclusively only with the first encoded in 
formation stream contains part of a number of the bits 
encoding one unit of information and a single cycle of 
the subcarrier modulated exclusively only with the 
second encoded information stream contains part of the 
number of bits encoding one unit of the information or, 
alternatively, a single cycle of the subcarrier modulated 
with the first encoded information stream contains all of 
the number of bits encoding one unit of information and 
a single cycle of the subcarrier modulated with the 
Second encoded information stream contains all of the 
number of bits encoding one unit of information. In a 
process in accordance with the invention, the at least 
one selected part is a plurality of phases or angular 
position within a 360 cycle of the subcarrier or, alterna 
tively, is first and second halves of a squarewave. 
A transceiver which atmospherically transmits infor 

mation by modulating an atmospherically transmitted 
carrier with a subcarrier with transmission of the infor 
mation being subject to atmospheric fading for a time 
interval in accordance with the invention includes an 
encoding processor, responsive to a source of informa 
tion, for providing a first encoded information stream 
which comprises the information to be atmospherically 
transmitted and a second encoded information stream 
which also comprises the information to be atmospheri 
cally transmitted with the second encoded information 
stream being delayed by a time delay interval with 
respect to the first information stream which is equal to 
or greater than the time interval of the atmospheric 
fading; and an encoder, for modulating the subcarrier 
with the first and second encoded information streams 
to produce identical first and second parallel informa 
tion streams modulated on cycles of the subcarrier with 
the first parallel stream containing the first encoded 
information stream and with the second parallel stream 
containing the second encoded information stream and 
with the first parallel information stream as modulated 
on the subcarrier being time displaced from the second 
parallel information stream by the time interval. 
The encoder modulates cycles of the subcarrier with 

multiple phase modulation with phases of the cycles of 
the subcarrier being modulated with the first and sec 
ond encoded information streams or, alternatively, the 
cycles of the subcarrier are modulated with pulse width 
modulation with a width of parts of the cycles of the 
subcarrier being modulated with the first and second 
encoded information streams. The information source 
provides characters and characters of the first and sec 
ond encoded information streams are each encoded 
with a plurality of bits. The characters of the first and 
second encoded information streams are diphase, quad 
rature modulated on the subcarrier with bits in quad 
rants of cycles of the subcarrier or, alternatively, the 
characters of the first and second encoded information 
streams are pulse width modulated in parts of cycles of 
the subcarrier to encode a number within a range of 
numbers in each part. The range of numbers may be 
from 1-16. 
The first and second encoded information streams 

each comprise frames of information with each frame 
having a plurality of bits encoding error correction 
information and a plurality of bits encoding information 
from the source of information with the error correc 
tion information of the first encoded information stream 
not being capable of correcting for a fade of the time 
interval producing faded information in the first parallel 
information stream and the error correction information 
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of the second encoded information stream not being 
capable of correcting for a fade of the time interval 
producing faded information in the second parallel 
stream. The time interval is of a length which would 
cause the transceiver to lose synchronism with the 
transmitted parallel information streams without re 
placement of faded information caused by the atmo 
spheric fade with information offset in time from the 
faded information by the time delay interval from at 
least one of the transmitted parallel information streams. 
The channel has a depth of modulation of 5 KHz. and 
the subcarrier is at least 1200 Hz. 
A method for atmospheric transmission of informa 

tion by a transceiver by modulating an atmospherically 
transmitted carrier with a subcarrier with the transmis 
sion of information being subject to atmospheric fading 
for a time interval in accordance with the invention 
includes providing a first encoded information strean 
which comprises the information to be atmospherically 
transmitted and a second encoded information stream 
which also comprises the information to be atmospheri 
cally transmitted with the second information stream 
being delayed by a time delay interval with respect to 
the first information stream which is equal to or greater 
than the time interval of the atmospheric fading; and 
modulating the subcarrier with the first and second 
encoded information streams to produce identical first 
and second parallel information streams modulated on 
cycles of the subcarrier with the first parallel informa 
tion stream containing the first encoded information 
stream, with the second parallel information stream 
containing the second encoded information stream and 
with the first parallel information stream as modulated 
on the subcarrier being time displaced on the second 
parallel information stream by the time delay interval. 
The modulation of the subcarrier is a multiphase 

modulation with phases of cycles of the subcarrier 
being modulated with the first and second encoded 
information streams or, alternatively, cycles of the sub 
carrier are pulse width modulated with a width of parts 
of the cycles of the subcarrier being modulated with the 
first and second encoded information streams. The in 
formation source provides alphanumeric characters and 
characters of the first and second encoded information 
streams are each encoded with a plurality of bits. Char 
acters of the first and second encoded information 
streams are diphase, quadrature modulated on the sub 
carrier with bits in quadrants of the subcarrier or, alter 
natively, the characters of the first and second encoded 
information streams are pulse width modulated on parts 
of the cycles of the subcarrier to encode a number 
within a range of numbers. The range of numbers may 
be 1-16. 
The first and second encoded information streams 

each comprise frames of information with each frame 
having a plurality of bits encoding error correction 
information and a plurality of bits encoding information 
from a source of information with the error correction 
information of the first encoded information stream not 
being capable of correcting for a fade of the time inter 
val producing faded information in the first parallel 
information stream and the error correction information 
of the second encoded information stream not being 
incapable of correcting for a fade of the time interval 
producing faded information in the second parallel in 
formation stream. The time interval is of a length which 
would cause all receiving circuitry to lose synchronism 
with the transmitted parallel information streams with 
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out replacement of faded information caused by the 
atmospheric fade with information offset in time from 
the faded information by the time delay interval from at 
least one of the transmitted parallel information streams. 
A single cycle of the subcarrier modulated with the 

first encoded information stream contains part of a num 
ber of the bits encoding one unit of the information and 
a single cycle of the subcarrier modulated with the 
second encoded information stream contains part of the 
number of bits encoding one unit of the information or, 
alternatively, a single cycle of the subcarrier modulated 
with the first encoded information stream contains all of 
a number of bits encoding one unit of the information 
and a single cycle of the subcarrier modulated with the 
second encoded information stream contains all of the 
number of bits encoding one unit of information. 
A two-way transmission system atmospherically 

transmitting information between a transceiver and a 
base station with the transmission being subject to fad 
ing for a time interval with the system using a carrier 
modulated with a subcarrier wherein the base station is 
coupled to an encoding processor, responsive to a 
source of information, for providing a first encoded 
information stream which comprises the information to 
be atmospherically transmitted and a second encoded 
information stream which also comprises the informa 
tion to be atmospherically transmitted with the second 
information stream being delayed by a time delay inter 
val with respect to the first information stream as modu 
lated on the subcarrier which is equal to or greater than 
the time interval of the atmospheric fading and an en 
coder, responsive to the first and second encoded infor 
mation streams, for modulating the subcarrier with the 
first and second encoded information streams to pro 
duce identical first and second parallel information 
streams modulated on cycles of the subcarrier with the 
first parallel information stream containing the first 
encoded information stream, with the second parallel 
information stream containing the second encoded in 
formation stream and with the first parallel information 
stream as modulated on the subcarrier being time dis 
placed from the second parallel information stream by 
the time delay interval; and the transceiver has a detec 
tor for detecting transmitted first and second parallel 
information streams and at least one processor, respon 
sive to the detected parallel information streams, for 
determining if faded information is present in at least 
one of the detected first and second parallel information 
streams received by the transceiver and in response to 
determined faded information replacing the faded infor 
mation caused by an atmospheric fade with information 
from one of the first and second parallel information 
streams which is time offset by the time delay interval 
from the faded information and processing the at least 
one parallel information stream containing replacement 
information to produce the information which was at 
mospherically transmitted without error. 
The first and second encoded information streams 

each comprise frames of information with each frame 
having a plurality of bits encoding error correction 
information and a plurality of bits encoding the informa 
tion with the error correction information not being 
capable of correcting for a fade of the time interval 
producing faded information in the first parallel infor 
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the second encoded information stream not being capa 
ble of correcting for a fade of the time interval produc 
ing faded information in the second parallel stream; and 
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the determination of the faded information by the at 
least one processor is performed by determining that the 
error correction bits cannot correct an error detected 
by processing first and second parallel information 
streams with an error correction routine using the plu 
rality of bits of error correction information. 
The at least one processor of the transceiver further 

comprises a digital signal processor, coupled to the 
detector and a signal processor with the digital signal 
processor processing detected individual cycles of the 
subcarrier to calculate an integral of at least one se 
lected modulated part of each of the individual cycles, 
numerically comparing each of the calculated integrals 
with a plurality of stored numerical ranges which 
ranges each represent one of a plurality of possible 
numerical values that the selected part may encode to 
identify a stored range numerically including the calcu 
lated integral and substituting for the at least one se 
lected part of each of the cycles the one of a plurality of 
numerical values representative of the identified stored 
range including the calculated integral with each nu 
merical value encoding at least a part of an information 
unit in the first and second parallel information streams; 
and wherein the digital signal processor processes the 
first and second parallel information streams containing 
the substituted numerical values for determining if 
faded information is present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 
The first and second encoded information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of the cycles of the sub 
carrier being modulated with the first and second en 
coded information streams or, alternatively, cycles of 
the subcarrier are modulated with pulse width modula 
tion with a width of parts of the cycles of the subcarrier 
being modulated with the first and second encoded 
information streams. The pulse width modulation en 
codes a number with a range of numbers and the digital 
signal processor decodes the range of numbers. The 
range of numbers may be between 1-16. 
A method of two-way atmospheric transmission of 

information is subject to atmospheric fading for a time 
interval between a transceiver and a base station using a 
carrier modulated with a subcarrier in accordance with 
the invention includes providing a first encoded infor 
mation stream which comprises the information to be 
atmospherically transmitted and a second encoded in 
formation stream which also comprises the information 
to be atmospherically transmitted with the second infor 
mation stream being delayed in time by a time delay 
interval with respect to the first information stream 
which is equal to or greater than the time interval of the 
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atmospheric fading; modulating the subcarrier with the 
first and second encoded information streams to pro 
duce identical first and second parallel information 
streams modulated on cycles of the subcarrier with the 
first parallel information stream containing the first 
encoded information stream and with the second paral 
lel information stream containing the second encoded 
information stream and with the first parallel informa 
tion stream as modulated on the subcarrier being time 
displaced from the second parallel information stream 
by the time delay interval; detecting the parallel infor 
nation streams which have been transmitted with the 
carrier with a transceiver; and determining if faded 
information is present in at least one of the detected first 
and second parallel information streams and in response 
to determined faded information replacing the faded 
information caused by an atmospheric fade with infor 
mation from one of the first and second parallel infor 
mation streams which is time offset by the time delay 
interval from the faded information and processing the 
at least one parallel information stream containing re 
placement information to produce the information 
which was atmospherically transmitted without error. 
The first and second encoded information streams 

each comprise frames of information with each frame 
having a plurality of bits encoding error correction 
information and a plurality of bits encoding the informa 
tion with the error correction information not being 
capable of correcting for a fade of the time interval 
producing faded information in the first parallel infor 
mation stream and the error correction information of 
the second encoded information stream not being capa 
ble of correcting for a fade of the time interval produc 
ing faded information in the second parallel information 
stream; and the determination of faded information is 
performed by determining that the error correction bits 
cannot correct an error detected by processing the first 
and second parallel information streams with an error 
correction routine using the plurality of error correc 
tion bits. 
The method further includes processing detected 

individual cycles of the subcarrier to calculate an inte 
gral of at least one selected modulated part of each of 
the individual cycles, comparing each of the calculated 
integrals with a plurality of stored numerical ranges 
which ranges each represent one of a plurality of possi 
ble numerical values that the selected range may encode 
to identify a stored range numerically including the 
calculated integral and substituting for the at least one 
selected part of each of the cycles the one of the plural 
ity of numerical values representative of the identified 
stored range including the calculated integral with each 
numerical value encoding at least a part of an informa 
tion unit in one of the first and second parallel informa 
tion streams; and wherein the first and second parallel 
information streams containing the substituted numeri 
cal values are processed for determining if the faded 
information is present. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
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value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 
The first and second encoded information streams are 

modulated on cycles of the subcarrier with multiple 
phase modulation with phases of cycles of the subcar 
rier being modulated with the first and second encoded 
information streams or, alternatively, cycles of the sub 
carrier are modulated with pulse width modulation 
with a width of parts of the cycles of the subcarrier 
being modulated with the first and second encoded 
information streams. 
A method of receiving an atmospheric transmission 

with receiving circuitry in accordance with the inven 
tion comprises processing detected individual cycles of 
a subcarrier modulated with information to calculate an 
integral of at least one selected modulated part of each 
of the individual cycles, numerically comparing each of 
the calculated integrals with a plurality of stored nu 
merical ranges which ranges each represent one of a 
plurality of possible numerical values that the selected 
part may encode to identify a stored range numerically 
including the calculated integral and substituting for the 
at least one selected part of each of the cycles the one of 
a plurality of values representative of the identified 
stored range including the calculated integral with each 
numerical value encoding at least a part of an informa 
tion unit of the transmitted information; and wherein 
the substituted numerical values are processed for pro 
ducing the information. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
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numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 

Receiving circuitry which receives atmospherically 
transmitted information with the transmission of infor 
mation being subject to atmospheric fading for a time 
interval and using a carrier modulated with a subcarrier 
with the subcarrier being modulated with identical first 
and second encoded information streams to produce 
identical first and second parallel information streams 
modulated on cycles of the subcarrier with the first 
parallel information stream containing the first encoded 
information stream and with the second parallel infor 
mation stream containing the second encoded informa 
tion stream with the parallel information streams being 
atmospherically transmitted with a time delay interval 
between the parallel information streams as modulated 
on the subcarrier which is equal to or greater than the 
time delay interval in accordance with the invention 
comprises a detector for detecting the transmitted first 



5,446,759 
41 

and second parallel information streams; a processor, 
responsive to the detected first and second parallel in 
formation streams, for determining if faded information 
is present in at least one of the detected first and second 
parallel information streams received by the receiving 
circuitry and in response to determined faded informa 
tion replacing the faded information caused by an atmo 
spheric fade with information from at least one of the 
first and second parallel information streams which is 
time offset from the faded information by the time delay 
interval and processing the at least one parallel informa 
tion stream containing replacement information to pro 
duce the information which was atmospherically trans 
mitted without error; and the processor further pro 
cesses detected individual cycles of the subcarrier to 
calculate an integral of at least one selected modulated 
part of each of the individual cycles, numerically com 
pares each of the calculated integrals with a plurality of 
stored numerical ranges which ranges each represent 
one of a plurality of possible numerical values that the 
selected part may encode to identify a stored range 
numerically including the calculated integral and substi 
tutes for the at least one selected part of each of the 
cycles the one of a plurality of numerical values repre 
sentative of the identified stored range including the 
calculated integral with each numerical value encoding 
at least a part of an information unit of the transmitted 
information; and wherein the processor processes the 
substituted numerical values for producing the informa 
tion. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample and at least one sample 
value which succeeds the compared sample value. 
A two-way transmission system atmospherically 

transmitting information between a transceiver and a 
base station with the transmission being subject to fad 
ing for a time interval and using a radio frequency car 
rier modulated with a subcarrier wherein the base sta 
tion has a processor, responsive to a source of informa 
tion, for providing a first encoded information stream 
which comprises the information to be atmospherically 
transmitted and a second encoded information stream 
which also comprises the information to be atmospheri 
cally transmitted with the second information stream 
being delayed by a time delay interval with respect to 
the first information stream which is equal to or greater 
than the time interval of the atmospheric fading and an 
encoder, responsive to the first and second encoded 
information streams, for modulating the subcarrier with 
the first and second encoded information streams to 
produce identical first and second parallel information 
streams modulated on cycles of the subcarrier with the 
first parallel information stream containing the first 
encoded information stream, the second parallel infor 
mation stream containing the second encoded informa 
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tion stream and with the first parallel information 
stream as modulated on the subcarrier being time dis 
placed from the second parallel information stream by 
the time delay interval; the transceiver has a detector 
for detecting the transmitted first and second parallel 
information streams and a processor, responsive to the 
detected parallel information streams, for determining if 
faded information is present in at least one of the de 
tected first and second parallel information streams 
received by the transceiver and in response to the deter 
mined faded information replacing the faded informa 
tion caused by an atmospheric fade with information 
from one of the first and second parallel information 
streams which is time offset by the time delay interval 
from the faded information and processes the at least 
one parallel information stream containing replacement 
information to produce the information which was at 
mospherically transmitted without error. 
The processor further processes detected individual 

cycles of the subcarrier to calculate an integral of at 
least one selected modulated part of each of the individ 
ual cycles, numerically compares each of the calculated 
integrals with a plurality of stored numerical ranges 
which ranges each represent one of a plurality of possi 
ble numerical values that the selected part may encode 
to identify a stored range numerically including the 
calculated integral and substitutes for the at least one 
selected part of each of the cycles the one of a plurality 
of numerical values representative of the identified 
stored range including the calculated integral with each 
numerical value encoding at least a part of an informa 
tion unit of the transmitted information; and wherein 
the processor processes the substituted numerical values 
for producing the information. 
The calculation of the integral is made by taking a 

plurality of samples of each selected modulated part of 
each of the individual cycles with each sample having a 
numerical value and each sample is compared with a 
range of numerical values representing a valid sample 
which should be included within the calculation of the 
integral and when the comparison reveals that the sam 
ple value is outside the numerical range of values, the 
compared sample value is replaced with a value which 
is a function of the sample values adjacent the sample 
value which is replaced. A preferred function of the 
sample values adjacent the sample value is that the 
compared sample value is replaced with a sample value 
which is an average of at least one sample value which 
precedes the compared sample value and at least one 
sample value which succeeds the compared sample 
value. 

BRIEF DESCRIPTION OF DRAWINGS 

FIG. 1 illustrates a diagram of the prior art POCSAG 
protocol. 

FIG. 2 illustrates a diagram of a typical seven digit 
numerical page using the POCSAG protocol. 

FIG. 3 illustrates numeric POCSAG transmissions. 
FIGS. 4A-4J are calculated data evaluating the 

POCSAG protocol for various operating conditions. 
FIG. 5 illustrates a graph of the failure rate of the 

POCSAG protocol as a function of increasing message 
duration in seconds. 
FIG. 6 illustrates a block diagram of a prior art pro 

cessor and protocol encoder. 
FIGS. 7A and 7B illustrate respectively the subcar 

rier modulated with phase and pulse width modulation 
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encoding the first and second parallel information 
Streams. 
FIG. 8 illustrates time offset first and second encoded 

information streams which may be utilized for modula 
tion of the subcarrier in accordance with the present 
invention. 

FIG. 9 is a graph of a worst case failure rate of 450 
character length messages in accordance with the pres 
ent invention. 
FIGS. 10A-10K are calculated data evaluating the 

probability of message loss for varying operating condi 
tions of the present invention. 
FIG. 11 illustrates a block diagram of a one-way 

information transmission system in accordance with the 
present invention. 
FIG. 12 illustrates analog modulation of the subcar 

rier to produce the transmitted time offset analog paral 
lel information streams used with the present invention. 
FIG. 13 illustrates pulse width modulation of the 

subcarrier to produce the transmitted time offset digital 
parallel information streams used with the present in 
vention. 
FIG. 14 illustrates a block diagram of an example of 

the processor and protocol encoder in accordance with 
the present invention. 
FIG. 15 illustrates encoding controller system entries 

used in accordance with the invention. 
FIG. 16 illustrates an example of the conversion of a 

message having an 8-bit information unit into two 4-bit 
nibbles for preparing the first and second information 
streams which modulate the subcarrier to produce the 
first and second parallel information means. 
FIG. 17 illustrates a forward first message memory 

utilized for storing the information to be transmitted in 
groups of 4-bit nibbles which constitute the first en 
coded information stream which modulates the subcar 
rier to produce the first parallel information stream in 
accordance with a preferred embodiment of the present 
invention. 

FIG. 18 illustrates the back second message memory 
for storing the information to be transmitted in groups 
of 4 bit nibbles which constitute the second encoded 
information stream which modulates the subcarrier to 
produce the second parallel information stream in ac 
cordance with a preferred embodiment of the present 
invention. 

FIG. 19 illustrates the intermediate message memory 
for storing the first and the second encoded message 
streams of FIGS. 17 and 18 which are read out in paral 
lel to modulate the subcarrier to produce the first and 
second parallel information streams in accordance with 
the present invention. 
FIG. 20 illustrates the message memory which stores 

the first and second encoded information streams which 
modulate the subcarrier as in FIG. 19 with the informa 
tion broken down into character message units which 
each are a 4-bit nibble. 

FIG. 21 illustrates a circuit schematic of the transmit 
ting circuitry of the present invention. 

FIG. 22 illustrates a flowchart of the operation of 
transmitting circuitry of FIG. 20. 

FIG. 23 illustrates a circuit schematic of the receiver 
circuitry in accordance with the present invention. 
FIGS. 24A and 24B illustrate the integration of a 

diphase modulated subcarrier by the digital signal pro 
cessor of the receiving circuitry of the present inven 
tion. 
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FIG. 25 illustrates the integration of a pulse width 

modulated subcarrier by the digital signal processor of 
the receiving circuitry of the present invention. 
FIGS. 26A and 26B illustrate sample processing per 

formed by the digital signal processor of the receiving 
circuitry to remove noise transients in a pulse width 
modulated subcarrier of the present invention. 
FIGS. 27A and 27B illustrate sample processing per 

formed by the digital signal processor of the receiving 
circuitry to remove noise transients in a phase modul 
lated subcarrier of the present invention. 
FIG. 28 is a flowchart of the operation of the digital 

signal processor of the receiving circuitry comparing 
the integrals with prestored ranges to convert the paral 
lel information streams into a series of numerical repre 
sentations of at least parts of information units constitut 
ing the information modulated on the Subcarrier. 
FIGS. 29A and 29B illustrate a flowchart of the oper 

ation of the receiving circuitry in accordance with the 
present invention. 
FIG. 30 illustrates a flowchart of decoding the paral 

lel information streams modulated on a subcarrier by 
the digital signal processor of the receiving circuitry of 
the present invention. 
FIG. 31 illustrates a flowchart of message reconstruc 

tion by the control processor of the receiving circuitry 
of the present invention. 
FIG. 32 illustrates a flowchart of message correction 

by the control processor of the receiving circuitry of 
the present invention to replace faded information with 
error free information. 
FIG.33 illustrates an example of correction of a mes 

sage including erroneous information. 
FIG. 34 is a block diagram of a two-way wireless 

information transmission system in accordance with the 
present invention. 
FIG. 35 is a block diagram of a transceiver in accor 

dance with the present invention. 
BEST MODE FOR CARRYING OUT THE 

INVENTION 
The present invention provides an improved one-way 

and two-way communication system and method of 
operation thereof having a higher data transmission 
rate, lower error rate and requires lower radiated power 
than prior art one-way and two-way serial communica 
tion systems. 
The present invention utilizes a time offset protocol 

which modulates a subcarrier to produce first and sec 
ond encoded parallel information streams each compris 
ing preferably identical information to be atmospheri 
cally transmitted which are separated by a time delay 
interval equal to or greater in length than a time dura 
tion of atmospheric fading. First and second encoded 
information streams which are time offset by the time 
delay interval and which are preferably identical modu 
late the subcarrier to produce the first and second paral 
lel information streams that respectively contain the 
first and second encoded information streams. The first 
and second parallel information streams are identical 
when the first and second encoded message streams 
modulating the subcarrier are identical. When the first 
and second parallel information streams are identical, 
receiving circuitry continues in synchronization with 
transmitting circuitry in the presence of atmospheric 
fades which cannot be corrected by processing an error 
correction routine using bits of error correction infor 
mation embedded in the first and second parallel infor 
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mation streams and reconstructs faded information in at 
least one of the parallel information streams with error 
free information time offset by the time delay interval 
from the faded information. Even if the first and second 
parallel information streams are not identical which 
prevents reconstruction of error free information, the 
probability of errors occurring is lessened because syn 
chronization is not lost and, furthermore, the transmis 
sion rate of information is increased when compared to 
the prior art. Transmission of identical parallel informa 
tion streams modulated on the subcarrier with a time 
offset greater than statistically probable fade durations 
provides a high probability that the receiving circuitry 
processing is able to process the transmitted information 
to eliminate erroneous information caused by fades at 
high speed while using reduced radiated power. The 
only fades which cannot be corrected are those longer 
than the time delay interval. The protocol utilizes first 
and second serial information streams which are created 
from the inputting of information from a source, such as 
a serial information stream, so that each information 
stream contains identical information when error free 
transmission of the information is required with the 
information modulated on the subcarrier being time 
offset by a programmable time delay interval. The pro 
grammable time delay interval is programmed to be 
equal to or greater than a time interval of statistically 
probable atmospheric fading such as that caused by 
Rayleigh fading, multipath interference or other atmo 
spheric phenomena to provide the receiving circuitry 
which receives a semisynchronous information stream 
modulated on the subcarrier comprised of the parallel 
first and second information streams with the ability to 
replace the faded information with error free unfaded 
information time offset from the faded information by 
the time delay interval. This prevents the receiving 
circuitry from losing synchronous reception with the 
information stream and searching for another transmis 
sion to the receiving circuitry. 
The time offset parallel first and second information 

streams are modulated on cycles of the subcarrier with 
the first parallel stream containing the first encoded 
information stream and with the second parallel stream 
containing the second encoded stream with the first and 
second encoded information streams containing identi 
cal inputted information when error free data transmis 
sion is desired and with the first and second encoded 
information streams containing none or some common 
information when maintaining synchronous transmis 
sion through the duration of an atmospheric fade with 
out error free data transmission is required. The first 
parallel information stream as modulated on the subcar 
rier is time displaced from the second parallel informa 
tion stream by the TIME DELAY INTERVAL as 
discussed below with reference to FIG. 8. 
The subcarrier may be either analog or digital. The 

modulated analog subcarrier may be a sinusoidal wave 
form as illustrated in FIG. 7A and the modulated digital 
subcarrier may be a squarewave as illustrated in FIGS. 
7A and 7B. 

In FIG. 7A the sinusoidal subcarrier is modulated at 
four different phases of a 360 cycle to encode a one or 
a zero at each of the four phases which are located at 
spaced apart angular positions on the sinusoidal subcar 
rier. As illustrated, the modulation is diphase quadra 
ture modulation (1 or 0 modulated at 45°, 135,225 and 
315). FIG. 12 discussed below further illustrates the 
encoding of either a one or zero at each of these four 
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phases. It should be understood that the present inven 
tion is not limited to the use of four phases to encode 
binary information on each cycle of the subcarrier with 
higher or lower numbers of phases also being useful in 
practicing the invention. As illustrated, bits from the 
first parallel information stream are modulated on the 
45° and 135° phases of a cycle of the analog subcarrier 
and bits from the second parallel information stream are 
modulated on the 225 and 315 phases. Other permuta 
tions of modulation of the subcarrier with the first and 
second parallel information streams, such as modulating 
the phases of one or more successive cycles with exclu 
sively only one of the first and second parallel informa 
tion streams followed by the phases of one or more 
successive subsequent cycles being modulated with 
exclusively only the other of the first and second paral 
lel information streams in a repeating cycle are dis 
cussed below. In a preferred embodiment, when the 
error free transmission is required, the first and second 
parallel information streams contain identical informa 
tion with identical information units within the first and 
second parallel information streams (characters, graph 
ics information, digital words, etc.) being time offset by 
the time delay interval. 

In FIG. 7B a squarewave subcarrier is pulse width 
modulated with a first half of the squarewave subcarrier 
cycle encoding four bits of the first parallel information 
stream and a second half of a squarewave subcarrier 
cycle encoding four bits of the second parallel informa 
tion stream. FIG. 13, discussed below, illustrates the 
possible numerical values which may be encoded with 
squarewave modulation as illustrated in FIG. 7B. As 
illustrated, the pulse width modulation has sixteen possi 
ble widths which preferably are proportionate, i.e. a 
value of one is one sixteenth the width of a value of 
sixteen. Other permutations of modulation of the sub 
carrier with the first and second parallel information 
streams, such as modulating one or more successive 
cycles of the squarewave exclusively only with one of 
the first and second parallel information streams fol 
lowed by one or more successive subsequent cycles 
modulated with exclusively only the other of the first 
and second parallel information streams are discussed 
below. In a preferred embodiment when the lowest 
error rate is desired the first and second parallel infor 
mation streams contain identical information with iden 
tical information units in the first and second parallel 
information streams (characters, data, digital words, 
etc.) being time offset by the TIME DELAY INTER 
VAL discussed below with reference to FIG. 8. 
The first and second information streams which are 

time offset by the programmable TIME DELAY IN 
TERVAL, as described below with reference to FIG. 
8, each contain at least a part and preferably all of the 
information to be transmitted. The receiving circuitry, 
upon detecting an error within at least one of the paral 
lel streams by processing the error correction bits to 
detect an error larger than that correctable with the 
error correction routine which could cause loss of syn 
chronism, replaces the detected information in at least 
one of the parallel information streams containing faded 
information caused by the atmospheric fade with infor 
nation from at least one of the first and second parallel 
streams which is time offset from the determined fade 
by the TIME DELAY INTERVAL. Error correction 
code, which is also contained in the broadcast first and 
second parallel streams along with the information to be 
received and other information as discussed with refer 
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ence to FIG. 8 is used to correct at the receiving cir 
cuitry (e.g. 2 bits) small errors which may be corrected 
by an error correction routine using the error correc 
tion code. For example, a two-bit error may be cor 
rected by an error correction code such as the BCH 
code. The detection of an error of a predetermined 
magnitude, such as three bits or greater which may not 
be corrected by the error correction code embedded in 
each of the first and second parallel streams is used to 
determine when information from at least one of the 
first and second information streams contains an atmo 
spheric fade which is not correctable with the embed 
ded error correction code and that information shifted 
in time by the TIME DELAY INTERVAL should be 
substituted for information contained within the faded 
information of the first and second parallel streams. 
Longer, natural or man-made interferences not correct 
able by error correction code having a duration of sev 
eral microseconds or more are corrected by replacing 
the missing portions (faded information) of the first and 
second parallel streams which are received in the time 
interval during which an atmospheric fade has occurred 
with nonfaded information which was received at a 
time displaced forward or backward equal to the TIME 
DELAY INTERVAL. 
The invention utilizes the fact that the probability 

that the same portion (e.g., information units such as 
characters, graphics data, digital words, etc.) of the 
information within the first and second time offset par 
allel information streams as modulated on the subcarrier 
which are time offset by the TIME DELAY INTER 
VAL that is longer that the statistically probably dura 
tion of an atmospheric fade below the receiving capabil 
ity of the receiving circuitry to discriminate the infor 
mation being missed is very low. Therefore, the overall 
receiving circuitry reliability is increased by orders of 
magnitude by using time offset information from the 
parallel streams for replacing faded information at the 
time intervals within each parallel information stream 
which contain an error detected by the processing of 
the error correction code in each of the first and second 
parallel information streams. 
The present invention is fully compatible with analog 

and digital transmitters of the type commonly used for 
one-way message transmission (paging) throughout the 
world and analog and digital transmitting circuitry of 
the type used for two-way wireless transmission 
throughout the world. With the invention, the carrier is 
modulated with a subcarrier having individual cycles 
modulated by time multiplexing or simultaneously mod 
ulated with first and second encoded message streams as 
illustrated in FIG. 8 to produce the parallel streams as 
described above in FIGS. 7A and 7B and in conjunction 
with FIGS. 12 and 13 discussed below. The TIME 
DELAY INTERVAL is programmable by the encoder 
processor as described below in FIG. 15, by a system 
entry. 
FIG.9 graphically illustrates the increase in transmis 

sion reliability when the TIME DELAY INTERVAL 

10 

15 

20 

25 

30 

35 

40 

45 

SO 

55 

is increased. As illustrated in FIG. 9, the reliability of 60 
transmitting an error free message for a 450 character 
message increases to a probability of over 99.99% even 
at the lowest speed and operating frequency as com 
pared to a probability of a message error rate well above 
90% in the prior art as illustrated in FIGS. 4I and 5. 
Similar increases in the probability of the transmission 
of error free information in two-way wireless systems 
with an increase in the data rate of transmission and 
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reduction of the required radiated power are achievable 
with the invention. Furthermore, the speed of transmis 
sion at an errorless rate of 99.99% approaches ten times 
or more the speed of the transmission of the POCSAG 
protocol and can utilize radiated power of th of that of 
the POCSAG protocol which permits far fewer trans 
mitters to be used which produces substantial savings in 
the installation of the transmitting hardware and further 
permits frequencies allocated to IMTS transmitters to 
be used for two-way wireless transmission without 
modification of the transmitters. 
The encoding format of the protocol of the present 

invention in either one-way or two-way wireless sys 
tems differs depending upon whether the transmitting 
circuitry is operating in analog mode or digital mode. 
When the transmitting circuitry is operating in analog 
mode, sinusoidal cycles of a subcarrier are modulated to 
produce the parallel first and second information 
streams which are transmitted with identical informa 
tion units separated in time by the TIME DELAY IN 
TERVAL specified by the OFFSET of FIG. 8. In the 
analog mode the encoder modulates cycles of the sub 
carrier with multiple phase modulation such as, for 
example, as discussed above in conjunction with FIG. 
7A so that a plurality of quadrants of cycles of the sub 
carrier are modulated with the first encoded informa 
tion stream and a plurality of quadrants of cycles of the 
subcarrier are modulated with the second encoded in 
formation stream to produce the first and second paral 
lel information streams so that the identical information 
units contained within the identical first and second 
information streams are transmitted in parallel sepa 
rated with the TIME DELAY INTERVAL between 
encoded information streams when error free transmis 
sion is required. The first encoded information stream 
preferably contains all of the bits encoding each unit of 
information and the second encoded information stream 
preferably contains all of the bits encoding each unit of 
information. Modulation of the subcarrier with the first 
and second encoded information streams produces the 
first and second parallel information streams which 
respectively contain the first and second information 
streams. A single cycle of the subcarrier is preferably 
modulated with the first and second information 
streams. Diphase quadrature modulation as discussed 
above in conjunction with FIG. 7A and below in FIG. 
12 may be utilized with the first information stream 
modulating quadrants of a cycle of the subcarrier and 
with the second information stream modulating differ 
ent quadrants of a cycle of the subcarrier. Alternatively, 
time multiplexing may be used such that one or more 
successive cycles of the subcarrier are exclusively mod 
ulated only with the first information stream followed 
by one or more successive subsequent cycles of the 
subcarrier modulated exclusively with only the second 
information stream. When the transmitting circuitry is 
operated in a digital mode, digital or squarewave cycles 
of the subcarrier are pulse width modulated with the 
first and second information streams to produce the 
parallel information streams. The digital encoder of the 
transmitting circuitry modulates cycles of the subcar 
rier with pulse width modulation so that parts (positive 
and negative going parts of the subcarrier) of one or 
more cycles of a subcarrier are respectively pulse width 
modulated, as discussed above with reference to FIG. 
7B and FIG. 13 below, with the first and second infor 
mation streams to respectively produce the first and 
second parallel information streams so that the identical 
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information units contained within the first and second 
information streams of FIG. 8 are transmitted in the first 
and second parallel information streams separated on 
the subcarrier with the TIME DELAY INTERVAL 
between the information streams. Pulse width modula 
tion may be used to encode a range of numbers repre 
senting a plurality of bits (e.g., four in FIG. 13) during 
the successive parts of a single cycle of a subcarrier to 
produce the first and second parallel information 
streams or, alternatively, by modulating one or more 
successive cycles of the subcarrier exclusively with 
only the first information stream followed by one or 
more successive subsequent cycles of the subcarrier 
modulated exclusively with only the second informa 
tion stream in a repeating pattern to produce the first 
and second parallel information streams. 
An example of the first and second encoded informa 

tion streams withfull encoding as used in one-way wire 
less communications is illustrated in FIG. 8. The first 
and second (forward and back) encoded information 
streams are identical in information content to be re 
ceived (the INFORMATION field), as well as other 
information required for transmission. Each encoded 
information stream contains a plurality of different 
parts. The SYNC part is in accordance with the prior 
art such as, but not limited to, any known digital or 
analog protocol used in one-way or two-way wireless 
systems. The OFFSET is a command which commands 
the receiving circuitry to decode the parallel informa 
tion streams with a time offset equal to the TIME 
DELAY INTERVAL between the first and second 
information streams with the time offset separating 
identical information and identical information units 
within the identical first and second parallel information 
streams during transmission by the transmitting cir 
cuitry. The numerical value representing the desired 
TIME DELAY INTERVAL is contained in the OFF 
SET field. The transmission of the numerical value of 
the TIME DELAY INTERVAL to the receiving cir 
cuitry in the OFFSET field is not necessary to practice 
the invention. The receiving circuitry may have a de 
fault or fixed TIME DELAY INTERVAL used 
throughout the one-way or two-way wireless system 
having sufficient time offset to insure an insignificant 
probability of loss of synchronism and message error. 
For example, as is illustrated in FIGS. 9 and 10K, if a 
400 millisecond OFFSET is utilized, an extremely high 
probability of transmission of error free information 
exists. The receiver or transceiver ID is the number of 
the receiver or transceiver within the one-way or two 
way data transmission system. Moreover, without limi 
tation, a range of offsets between 50 milliseconds and 
500 milliseconds may be used to practice the invention 
while producing the benefits of higher throughput, 
transmission without significant error and using less 
radiated power. 
The SYNC and ID wake-up fields have multiple 

purposes. One aspect of the SYNC/ID fields is to per 
mit the coexistence of the protocol with other radio 
messaging protocols on the same radio channel. Ninety 
five percent of the current radio messaging infrastruc 
ture utilized for paging has multiple messaging formats 
which are intermixed in a non-time synchronized fash 
ion. The protocol of the present invention coexists with 
other industry standard protocols and does not provide 
any form of interference or performance degradation. 
The same benefit of the invention also exists for two 
way wireless systems. 
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The SYNC/ID fields are a binary data stream that 

permits the receiving circuitry to detect that informa 
tion which is contained in the information field is to be 
transmitted. The SYNC field has the first two digits of 
the receiver's or transceiver's ID embedded into it. The 
digital signal processor of the receiving circuitry, as 
described below, detects and looks for a bit pattern 
match that matches its preprogrammed synchronization 
and the first two ID digits for a match. When a match 
occurs, the receiving circuitry turns on the balance of 
its electronics and begins the decoding process as de 
scribed below. The SYNC/D fields utilize the first two 
digits of the receiver's or transceiver's ID to provide as 
many as 100 different groups of receivers or transceiv 
ers to be accommodated on the same radio channel. The 
net effect of the two digit synchronization signal em 
bedded within the SYNC field is to provide a significant 
battery savings to wireless receivers and transceivers. 
Only the group that is being signalled with the two digit 
ID match within the synchronization field is alerted 
resulting in the receiving circuitry being turned on. All 
other receivers or transceivers, which include those in 
99 possible groups, will not detect a SYNC/ID digit 
match which results in the receiver or transceiver not 
being turned on to save battery. 
The duration of the SYNC/ID wake-up fields is pro 

grammable on a customer basis. The duration of the 
synchronization signal is directly dependent upon the 
type of receiver or transceiver that is being utilized on 
the system. Variations of durations may be necessary to 
accommodate receivers or transceivers of different de 
signs as the decoder technology advances in accor 
dance with the present invention. The duration of the 
synchronization signal may be approximately 900 MS. 
As higher data rates are achieved, this duration may be 
shortened. The duration of the synchronization signal is 
dependent upon the channel sampling rate of the re 
ceiver or transceiver. If the receiver or transceiver must 
turn on (wake-up) once every 450 MS, and it requires 
two samples, then the minimum synchronization dura 
tion should be approximately 900 MS. The wake-up 
duration is directly dependent upon the amount of bat 
tery current savings in the receiver or transceiver that 
are desired. The more frequently the receiving circuitry 
wakes up to sample the channel the greater impact upon 
the receiver's or transceiver's battery life. 

In the event that receiving circuitry is utilized which 
has the capability of receiving multiple channels under 
control of system broadcast commands as disclosed in 
the aforementioned patents, the selection of the 900 MS 
preamble for “local', single frequency receiving cir 
cuitry provides an added benefit to the multi-frequency 
receiver or transceiver. As a multi-frequency receiver, 
such as the one described in the aforementioned patents, 
requires an additional 1800 MS preamble to succes 
sively scan 14 channels and successfully take two sam 
ples, the receiver does not wake-up to the local 900 MS 
preamble. This provides an added battery savings for 
multiple frequency receivers or transceivers that are 
capable of travelling when the protocol of the present 
invention is utilized. Any battery savings that can be 
afforded to multiple-frequency receivers or transceivers 
is significant. Multiple-frequency receivers or transceiv 
ers by design consume more battery power than single 
frequency receivers or transceivers. This is due to the 
fact that multiple-frequency receiving circuitry must 
scan and monitor more than one frequency during trav 
elling and roaming operation between radio transmit 
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ting systems. Multiple-frequency receivers have experi 
enced scanning rates of operation for three paging 
months per year (two regionally and one nationally), 
and therefore, spend approximately 25% of their receiv 
ing time in travelling mode of operation that can de 
grade the battery performance life span of the receiver. 
Assuming the same low battery drain technologies can 
be utilized in both single frequency and multiple-fre 
quency receiving circuity, any additional battery sav 
ings that can be afforded are beneficial. 
The protocol of the present invention provides such 

battery savings. By permitting the SYNC/ID wake-up 
length to wake-up only local single frequency receivers 
or transceivers is of significance. In a local radio mes 
saging system, 85% of the receivers will be for local 
purposes. By design of the shorter local preamble to 
practice the present invention, the multiple-frequency 
receiver or transceiver utilizing the protocol of the 
present invention will not wake-up when local messages 
are sent. The local receivers or transceivers wake-up 
upon receiving the longer multiple-frequency fre 
quency preambles. However, the battery impact due to 
the lower number of travelling receivers or transceivers 
is minimal. 
The OFFSET command of FIG. 8 specifying the 

TIME DELAY INTERVAL used for decoding the 
first and second parallel streams is contained within 
each of the first and second encoded information 
streams. The OFFSET command, commands the re 
ceiving circuitry to time shift the detection of the first 
and second parallel information streams within the re 
ceived transmission so as to permit the receiving circuit 
ry's control processor to reassemble the information 
streams with proper timing in the event of an error 
which exceeds the error correction capability encoded 
within the first and second parallel information streams. 
The time OFFSET is received by the digital signal 
processor of the receiving circuitry as described below, 
is preconditioned and transmitted to the receiving cir 
cuitry control processor. The control processor utilizes 
its stored program (ROM or EEROM) to provide a 
reassembly of the first and second parallel information 
streams when and as necessary with the appropriate 
time offset as contained in the OFFSET field to recon 
stitute the complete information which was transmitted 
atmospherically from the information source without 
error. The processor of the transmitting circuitry adds 
the balance of the ID code which determines the unique 
address of the receiving circuitry within a receiver or 
transceiver. The identification code may be a total of 8 
digits long with two of the digits being contained within 
the SYNC field and six of the digits being contained 
within the ID field. 
The COMMAND field of FIG. 8 is for the purpose of 

permitting the receiving circuitry to be programmed to 
operate in different modes of operation. The command 
may convey information to the receiving circuitry con 
trol processor to determine how the wireless receiving 
circuitry processes the information field which follows. 
The COMMAND conveys to the receiving circuitry 
whether the message information within the INFOR 
MATION field is numeric, 7-bit ASCII, 8-bit ASCII, or 
16-bit ASCII (graphics or Chinese) or other informa 
tion, such as digital words, etc. The COMMAND can 
also convey to the receiving circuitry whether the mes 
sage is complete and/or is arriving in portions. The 
COMMAND can permit multiple messages or a long 
message to be broken into several shorter messages as 
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needed. This feature may be necessary in systems with 
co-reside with other types of messaging terminal equip 
ment and therefore, short duration messages may be 
assigned by the system controller of the transmitter. 
The COMMAND field of FIG.8 may indicate to the 

receiver or transceiver if the message is to be routed to 
an external device as described in the aforementioned 
patents and patent applications. This permits direct 
integration of a wireless receiver or transceiver within a 
laptop or personal computer. 
The INFORMATION field of FIG. 8 of the first and 

second information streams contains the actual numeric, 
alphanumeric, graphics or other types of information 
that is to be conveyed to the receiver or transceiver or 
to an external device connected to the receiver or trans 
ceiver. The INFORMATION may comprise units of 
information, such as a 4-bit numeric nibble, 7-bit ASCII, 
8-bit ASCII or 16-bit characters that would be used for 
larger foreign character subsets (e.g. Chinese graphics 
information) in the case of facsimile transmission or 
other information, such as digital words, used for other 
purposes. The length of the INFORMATION field is 
variable to permit messages of varying length to be 
accommodated. The type information or data (e.g. 4, 7, 
8 or 16 bits, etc.) is determined by the previous COM 
MAND portion of the protocol. 
The EOF command of FIG. 8 of the first and second 

information streams indicates to the receiving circuitry 
that the message beginning with the SYNC information 
includes the OFFSET, ID, COMMAND and informa 
tion has terminated as of receipt of the EOF command. 
The EOF command also indicates to the receiving cir 
cuitry that information concerning the type of alerting 
(visual or audio response) that the receiving circuitry 
should initiate, such as an audible tone. 
The programming of the TIME DELAY INTER 

VAL specified by the OFFSET field of FIG. 8 has a 
substantial effect on the probability that an entire mes 
sage as represented by the first and second parallel 
information streams modulated in an analog manner, 
such as on multiple quadrants of a subcarrier as de 
scribed above in conjunction with FIG. 7A and FIG. 12 
below or in a digital manner, such as pulse width modu 
lation as described above in conjunction with FIG. 7B 
or FIG. 13 below on parts of a subcarrier, are received 
by the receiving circuitry and processed to produce the 
transmitted information without an error. As has been 
explained above in the description of the prior art, an 
error of greater than a predetermined number of bits, 
which may be corrected by an error correction code 
such as two bits in the BCH error correction code with 
the POCSAG protocol transmitted with the informa 
tion, causes the receiving circuitry to possibly lose syn 
chronism with the information transmission and revert 
to a mode to search for the transmission of the SYNC 
and ID code as the beginning of another message. The 
dual and simultaneous transmission of the first and sec 
ond parallel information streams, as modulated on the 
subcarrier with a time OFFSET equal to the TIME 
DELAY INTERVAL, during the time interval re 
quired by the transmitting circuitry to transmit the in 
formation as described herein permits the receiving 
circuitry to substitute error free information which is 
time displaced from the information containing the 
fading error by the TIMEDELAY INTERVAL set by 
the OFFSET field. As a result, the receiving circuitry 
always is in synchronism with the transmitted informa 
tion and never reverts to the mode for searching for a 
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new SYNC and ID code which may in the prior art 
occur when an erroneous number of bits is detected 
which is larger than the erroneous number of bits which 
may be corrected by the error correction code. Further 
more, the faded information within the time interval in 
which the error is present, which is during the fade in 
signal strength received by the receiving circuitry, may 
be corrected by the substitution of error free informa 
tion or error free information units identical to that of 
the faded information from one of the parallel informa 
tion streams which are time displaced by the TIME 
DELAY INTERVAL as specified by the OFFSET 
field as described above. 
FIG. 9 illustrates a graphical comparison of calcu 

lated worst case message failure rates for a one-way 
wireless system obtained from FIGS. 10A-K based 
upon the formulas described above as applied to the 
present invention. Similar information may be presented 
for two-way wireless systems. It should be noted that a 
detailed compilation of the failure rates for comparison 
of POCSAG to the present invention may be made by a 
comparison of the performance of the prior art POC 
SAG protocol as illustrated in FIGS. 4A-4J and 5 with 
that of FIGS. 9 and 10A-10K which are representative 
of the present invention as applied to a one-way wire 
less system. FIG. 9 represents the character message 
failure rate with the radiated power reduced to of the 
radiated power utilized by the comparison of the prior 
art POCSAG protocol in FIG. 5. Increasing of the 
radiated power by a factor of 8 in FIG. 9 moves the 
curves representing 512 and 1200 baud rates respec 
tively significantly to the left. In other words, corre 
sponding message error rates for a higher radiated 
power occur with the time offset between the first and 
second message streams being smaller. With respect to 
FIG. 5, at a 512 baud data rate with 8 times the radiated 
power represented by FIG.9, a probability of a message 
failure of the POCSAG protocol of 89% is predicted by 
the formulas described above. On the other hand, the 
probability of a message failure for both 512 baud and 
the higher 1200 baud data rate is such that the message 
failure rate is predicted to be less than 0.01%. As is 
apparent from FIG. 9, the choice of the time offset has 
a significant effect on the overall message failure rate. 
As a practical matter, choosing of a message TIME 
DELAY INTERVAL of FIG.8 of 300 or greater milli 
seconds provides compensation for all types of atmo 
spheric phenomena which cause fading of a transmitted 
RF signal to fall below a signal strength at which a 
semisynchronous receiving circuitry may maintain syn 
chronism or receive the information without requiring a 
retransmission of part of the information, such as in 
prior art two-way wireless systems. The primary phe 
nomena which the TIME DELAY INTERVAL con 
pensates for are Rayleigh fading and multipath fading. 
However, by choosing the TIME DELAY INTER 
VAL to be of a time length significantly longer than the 
duration of any type of atmospheric fade having any 
significant probability of occurrence below the signal 
strength receiving capability of the receiving circuitry 
permits identical information, data, words, etc. which 
are time offset from the faded information by the TIME 
DELAY INTERVAL which is not subject to error to 
be substituted for the faded information, data, etc. 
within the time interval during which an atmospheric 
fade has occurred below the signal strength detecting 
capability of the receiving circuitry. 
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A comparison of the calculated probabilities of mes 

sage loss between the prior art represented by the POC 
SAG protocol as illustrated in FIGS. 4A-J and FIGS. 
10A-K representing the probability of message loss of 
the present invention as applied to a one-way wireless 
system reveals a improvement of several orders of mag 
nitude in complete transmission of messages produced 
by the present invention. The overall benefits are a 
higher probability of a complete message being trans 
mitted without message error, preventing the loss of 
synchronization between the parallel information 
streams being transmitted and the receiving circuitry 
which causes the reversion into a search mode for the 
transmission of a new sync and ID and the ability to 
transmit the information with reduced radiated power 
without having significant errors. As discussed above 
and below, the reduction in required radiated power 
permits the transmitting facilities of the one-way wire 
less or the two-way wireless system to be significantly 
reduced in cost by permitting fewer transmitters or 
transmitters of less radiated power to be utilized to 
broadcast to a desired area. 

F.G. 10A illustrates in a one-way wireless system the 
probability of message loss for a 450 character message 
with an 8 microvolt per meter (18 db) detection sensitiv 
ity, 90 microvolt/meter 39 db) median and a 50 MS 
offset as illustrated in FIG.8. As is apparent from FIG. 
10A, the message reliability is in excess of 95% for the 
worst case transmission frequency and receiver speed. 
Many combinations of frequency and speed produce 
significantly no probability of a message error. A direct 
comparison of FIGS. 4I and 10A demonstrates the 
marked increase in reliability produced by the invention 
in decreasing the probability of message loss occurring 
when compared to the prior art for the same combina 
tion of frequencies and vehicular speeds. 

FIG. 10B illustrates in a one-way wireless system the 
probability of message loss for a 450 character message 
with 8 microvolt/meter (18 db) detection sensitivity, 
130 microvolt/meter (43 db) median and 50 MS offset 
as illustrated in FIG. 8. The 50 MS offset for the first 
and second encoded message streams produces a worst 
case message reliability in excess of 99%. Many combi 
nations of frequency and speed produce no significant 
probability of message loss. It should be noted that the 
130 microvolt/meter field strength reflects a higher 
field strengths than that often used in paging systems to 
increase signalling reliability. A direct comparison of 
FIGS. 4J and 10B reveals for the same combination of 
frequencies and speeds the significant improvement of 
the probability of a message being transmitted without 
loss. 

FIG. 10C illustrates in a one-way wireless system the 
probability of a message loss for a 450 character mes 
sage with 8 microvolts/meter (18 db) detection sensitiv 
ity, 90 microvolt/meter (39 db) median field strength 
and a 100 MS offset. The message reliability exhibits a 
worst case failure rate of 0.9% with most combinations 
of frequency and speed not having any probability of 
message error. A comparison of FIGS. 4I and 10C 
reveals the significant increase in the probability of 
messages being transmitted without message error with 
the present invention. Moreover, a comparison of 
FIGS. 10A and 10C reveals a significant increase in the 
probability of a message being transmitted without 
error when the time offset is increased from 50 MS, as 
illustrated in FIG. 10A, as compared to 100 MS in FIG. 
10C. 
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FIG. 10D illustrates in a one-way wireless system the 
probability of message loss for a 450 character message 
having an 8 microvolt/meter (18 db) detection sensitiv 
ity, 130 microvolt/meter (43 db) median field strength 
and a 100 MS offset. The message reliability for all 
frequencies and speeds in the study was above 99.99%. 
A comparison of the data in FIGS. 10B and 10D reveals 
that the increasing of the offset from 50 MS in FIG. 10B 
to 100 MS in FIG. 10D significantly increases the reli 
ability of the information being transmitted without any 
significant error to two decimal places for all combina 
tions of frequency and receiver speed. 
FIGS. 10E-10K illustrate in a one-way wireless sys 

tem the probability of message loss for a 450 character 
message having 8 microvolts/meter (18 db) detection 
sensitivity, 32 microvolts/meter (30 db) median with 
different combinations of time offset. Specifically, the 
time offset of the first and second parallel message 
streams of FIG. 10E is 100 MS, the time offset of FIG. 
10F is 150 MS, the time offset of FIG. 10G is 200 MS, 
the time offset of FIG. 10H is 250 MS, the time offset of 
10I is 300 MS, the time offset of 10.J is 350 MS and the 
time offset of 10K is 400 MS as illustrated in FIG. 8. 
Significantly, the field strength of the radiated power in 
FIGS. 10E-10K drops by a factor of 13 db. This is a 
reduction of field strength from 130 microvolts/meter 
to a median field strength of 32 microvolts/meter which 
is significantly below the power level which is currently 
used to broadcast "pages' in the industry today. This 
represents approximately an increase of four times the 
median field strength and a reduced transmitted output 
power of eight times less power. A comparison of the 
worst case probability of a message loss in FIGS. 
10E-10K reveals 35.59% for FIG. 10E, 10.37% for 
FIG. 10F, 2.69% for FIG. 10G, 0.68% for FIG. 10H, 
0.17% for FIG. 10I, 0.04% for FIG. 10J and 0.01% for 
FIG. 10K, with many of the combinations of frequency 
and speed producing no probability of message loss. It 
should be noted that the probability of message loss was 
greater for 512 baud than for 1200 baud. The worst case 
data illustrated in FIGS. 10E-10K respectively for 512 
baud and 1200 baud was used to create FIG.9 described 
above. The slope of the decrease in the probability of 
message loss for the worst case combination of baud 
rate, frequency and receiver speed demonstrates that 
the choice of the TIMEDELAY INTERVAL of FIG. 
8 permits almost complete control of the probability of 
message loss. Moreover, it should be noted that the 
programming of the TIME DELAY INTERVAL re 
quires the entry of the time delay offset from entry four 
of FIG. 15 into the encoder 110 of the present invention 
with the TIME DELAY INTERVAL being program 
mable into the receiving circuitry of a receiver, trans 
ceiver or base station of the present invention from the 
OFFSET field of FIG. 8 described above. A TIME 
DELAY INTERVAL above 300 milliseconds does not 
have any significant effect on the rate of information 
transmission by the transmitting or data processing 
systems for the data represented by FIG. 8. In effect, 
the present invention provides an information transmis 
sion system with the functional attributes of signifi 
cantly increased speed and significantly increased prob 
ability of message transmission without error at signifi 
cantly lower power without any significant hardware 
or software modification of the current one-way or 
two-way radio frequency atmospheric transmission of 
information or data. The performance of the present 
invention is not obtainable in the prior art at any cost. 
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FIG. 11 illustrates a block diagram of a one-way 

system in accordance with the present invention for 
atmospheric transmission of information on a radio 
frequency carrier 106 modulated with the modulated 
subcarrier of the present invention subject to fading for 
a time interval by a transmitter 124. Moreover, as dis 
cussed below, it should be understood that the invention 
may be utilized in two-way wireless systems in which a 
transceiver performs the dual functions of the processor 
and protocol encoder 110 and the wireless receiver 104. 
The system includes a signal processing system 102 for 
providing the modulated subcarrier of the present in 
vention. The transmitters 124 provide atmospheric 
transmission of the carrier 106 modulated with the sub 
carrier of the present invention with the transmission of 
information being subject to atmospheric fading for a 
time interval to at least one radio frequency receiver 
104. The carrier 106 is modulated with the subcarrier as 
discussed above in conjunction with FIGS. 7A and 7B 
and below in conjunction with FIGS. 12 and 13. The 
signal processing system 102 may be used to modulate 
the subcarrier with either analog or digital modulation 
to produce the time offset first and second encoded 
parallel information message streams as discussed above 
and below and broadcast by one or more transmitters 
124 of either an analog or digital type as is in use in the 
infrastructure of one-way or two-way radio frequency 
transmission throughout the world. Information to be 
transmitted to the receivers 104 is gathered by a tele 
phone communication through the public switch tele 
phone network (PSTN) and transmitted by a telephone 
connection between the telephone office 108 and a pro 
cessor and protocol encoder 110. 
The processor and protocol encoder 110 is comprised 

of a processor and memory 111 which converts a serial 
message or information stream received from the tele 
phone office 108 into the FIRST ENCODED SERIAL 
MESSAGE (INFORMATION) and the SECOND 
ENCODED SERIAL MESSAGE (INFORMA 
TION) WITH TIMEDELAY INTERVAL OFFSET 
which is preferably identical and must be identical to 
produce error free information. These messages have 
the format described above in FIG. 8. The time shift is 
produced under the control of a processor controlling 
storage in two sections of memory, as described below, 
and a time shifted read out of identical information or 
information units separated in time by the TIME 
DELAY INTERVAL. The FIRST and SECOND 
MESSAGES are modulated on cycles of an analog or 
digital subcarrier by an analog or digital subcarrier 
modulator (protocol encoder) 113 to produce the paral 
lel first and second message or information streams with 
identical information or information units separated by 
the TIME DELAY INTERVAL time OFFSET as 
discussed above in conjunction with FIG. 8. The pro 
cessor and protocol encoder 110 may be in accordance 
with FIG. 14 discussed below. The information to be 
transmitted may be without limitation inputted to the 
telephone office 108 through any one of numerous types 
of telephone connections 112 which is indicative of 
general inputs which may interface with an operator 
such as from a business office of a paging service or a 
telephone input from an E-mail network. Input 114 is 
connected to a personal computer 116 of any design 
which composes messages via keyboard or other pe 
ripheral device which are to be broadcast to the wire 
less receivers 104. In the transmission of E-mail mes 
sages, the message may be input from an E-mail service 
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which is connected to a plurality of computers which 
have numbers in the E-mail service or directly from 
PC's 116 connected to the telephone office 108 for 
broadcast to a laptop personal computer 118 which is 
connected to the wireless receiver 104 by a serial data 
port connection 120 of the type typically available on a 
laptop PC such as an RS-232 data port. The information 
which comprises the message may be without limitation 
units of encoded numeric, alphanumeric, graphics infor 
mation or any other type of information, such as digital 
words, etc. A conventional simulcast controller 122 
controls a plurality of transmitters 124 for broadcasting 
an FM modulated carrier 106 which is modulated by 
the TX1 and TX2 modulators to produce an analog or 
digitally modulated carrier 106. The carrier 106 may be 
without limitation any of the narrow depth of modula 
tion carriers used for one-way or two-way messaging 
such as those in the 150, 450 or 900 MHz bands. Typi 
cally, a plurality of transmitters 124 are disposed around 
a geographic area within which reliable broadcast cov 
erage is desired to provide the desired area of coverage. 
As is known, the distance which may be covered by a 
simulcast system comprised of a simulcast controller 
122 and a plurality of transmitters 124 is limited to the 
line of sight distance between the transmitters 124 and 
the receivers 104. Modems 126 may be disposed be 
tween the processor and protocol encoder 110 and si 
mulcast system controller 122 and the simulcast system 
controller and the plurality of transmitters 124 when the 
carrier is digitally modulated. The modems 126 perform 
the conventional function of converting the output 
digital signal from the processor and protocol encoder 
110 and the simulcast system controller 122 into a audio 
bandwidth sufficient for transmission over narrow band 
audio lines such as telephone lines and back to digital at 
the far end. When the system utilizes analog transmit 
ters 124, which do not require the presence of the 
modems 126, the processor and protocol encoder 110 
provides a first encoded information stream which con 
tains the information within a message or information 
stream to be atmospherically transmitted and a second 
encoded information stream which also contains the 
information to be atmospherically transmitted with the 
second information stream being delayed in time by the 
TIME DELAY INTERVAL as illustrated in F.G. 8 
with respect to the first information stream which is 
equal to or greater than any statistically probable time 
interval of atmospheric fading. The information encod 
ing protocol for use with analog transmitters is prefera 
bly multiple phase modulation of a subcarrier as illus 
trated FIG. 7A and in FIG. 12 and the information 
encoding protocol for use with digital transmitters is 
preferably the pulse width modulation of a subcarrier, 
as illustrated in FIG. 7B and in FIG. 13, to produce the 
parallel information streams each containing identical 
units of information offset by the TIME DELAY IN 
TERVAL of FIG. 8. 
The minimum TIME DELAY INTERVAL which 

should be used with the particular channel on which the 
carrier 106 is broadcast may be calculated in accor 
dance with the calculation method as follows. How 
ever, the invention is not limited to determining the 
TIME DELAY INTERVAL by this calculation 
method with it being possible to determine the TIME 
DELAY INTERVAL by a trial and error basis or 65 
estimation. The fading rate is dependent upon motion of 
the receiver or transceiver and the wavelength of the 
operating frequency. Basically, it should be noted that 
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slower speeds (e.g. 10 MPH or less), have a more severe 
reception degradation than faster speeds. This is due to 
the fact that as the receiver or transceiver is moving 
relatively slowly it spends more time in the null or a 
fade. The lower the operating frequency, the longer the 
wavelength, and the lower the fade rate. For example, 
the fade rate is approximately 2.2 Hz at 150MHz and 10 
MPH as calculated by equation (1) above. 
The fact that the receiver or transceiver passes 

through a wavefront does not necessarily indicate that 
the fade is below the receiver or transceiver threshold. 
Once the fade length, as calculated by equation (2) 
above, has been determined for the operating frequency 
and speed, the number of fades the receiver or trans 
ceiver experiences below the receiver's or transceiver's 
threshold is calculated by equation (3). 
The probability of a catastrophic message failure 

having a fade of long enough duration below the receiv 
er's or transceiver's threshold is calculated by solving 
equation (4) above assuming fades equal in duration to 
the time delay interval. Iterative solving of equation (4) 
substituting successively longer fades equal to the time 
delay interval is conducted until the probability of mes 
sage loss becomes acceptable small. The calculated 
probability of catastrophic failure which is acceptable 
small permits the fade therein to be chosen as the time 
delay interval. For example, a 512 baud POCSAG mes 
sage can only tolerate approximately 4 millisecond (3- 
bit) fade before catastrophic message loss occurs. The 
fade duration at 10 miles per hour, 150 MHz has a me 
dian average as determined by equation (2) of 14 milli 
seconds. Therefore, it is apparent that a time shift of 50 
milliseconds between the parallel information streams 
contributes significantly to the ability of the parallel 
information streams to overcome atmospheric fades. 
Long TIME DELAY INTERVALS provide protec 
tion against the longer duration fades such as greater 
than 300 milliseconds in FIG. 9 which are much less 
statistically probable but nevertheless can cause mes 
sage or information loss. The median 14 milliseconds 
fade duration is only the median with the longer dura 
tion fades being on the skirts of the probability curve of 
the median fade duration. 
From observing the statistical data, such as FIG. 9, it 

may be ascertained that the time offset required should 
be 20 or more times greater than the median fade dura 
tion as calculated by equation (2). In FIG. 9 this corre 
sponds to approximately 300 milliseconds for 150 MHz 
operation. 
The probability of message loss is directly related to 

the length of the message. As FIG. 5 indicates, the 
shorter the message, the less the probability that the 
message occurs during the fade duration. Hence, the 
reason is apparent why 7-digit, 512 baud POCSAG 
messages experience a 95% reliability rate. There is 
only a 5% probability of a fade being experienced by 
the receiver, during the receipt of that receiver's mes 
sage. However, as the length of the message becomes 
longer, the probability increases considerably that one 
or more fades below the receiver, transceiver of base 
station threshold occur. For long messages (e.g. E-mail 
messages of 450 characters in duration), the probability 
is very high for message loss. 

Optimally, as has been described above, the TIME 
DELAY INTERVAL may be calculated for each par 
ticular channel and include compensation for environ 
mental factors which provide additional fading other 
than Rayleigh fading, such as fading caused by multi 
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path or structures within buildings which cause severe 
fading. The TIMEDELAY INTERVAL, as described 
above in FIG. 8 is system programmable by entry into 
the processor and protocol encoder 110 and may typi 
cally range from 50 to 500 milliseconds while producing 
the benefits of the invention. Additional time offset may 
be added to the TIME DELAY INTERVAL above 
which is calculated from the above-described calcula 
tions to compensate for or otherwise optimize the delay 
necessary to produce error free information transmis 
sion. The additional delay is stored as item 5 in FIG. 15 
as described below. Such additional delay may be nec 
essary in the event where the one-way or two-way 
radio transmitting system is subject to other natural or 
man-made interferences besides, or in addition to, Ray 
leigh fading. A typical example of such an optimization 
correction is for areas that have rough geographic ter 
rain, large buildings that may precipitate severe multi 
path distortions of the information stream and internal 
building radio systems that may have radio path block 
ages due to metal obstructions. 
When analog transmitters 124 are used the processor 

and protocol encoder 110 modulates cycles of the sub 
carrier with multiple phase modulation which prefera 
bly encodes identical information or information units 
such as characters, data, digital words, etc., which com 
prise the first and second encoded information streams 
with a time offset of the TIME DELAY INTERVAL. 
In a preferred embodiment of the invention, cycles of 
the subcarrier are modulated with multiple phase modu 
lation such as diphase quadrature modulation as illus 
trated in FIG. 7A and in FIG. 12 or octal phase modula 
tion (modulation of the sinusoidal subcarrier at 45 in 
crements) to produce the parallel information streams. 
The first encoded information stream contains at least 
part of the information to be atmospherically transmit 
ted and the second encoded information also contains at 
least part of the information to be atmospherically trans 
mitted. Preferably, as stated above, each of the encoded 
information streams contains the entirety of the mes 
sage, data or information of the INFORMATION field 
of FIG. 7 (necessary to insure error free transmission) to 
be sent from its originating source to the one or more 
receivers or transceivers. A plurality of quadrants of 
each cycle of the subcarrier are modulated with binary 
levels, as illustrated in FIG. 7A and in FIG. 12 with 
both the first and second information streams. Alterna 
tively, one or more successive cycles of the subcarrier 
are modulated with information exclusively from only 
the first information stream followed by modulating one 
or more successive subsequent cycles with information 
exclusively from only the second information stream. 
These patterns of modulation of one or more cycles of 
the subcarrier with only the first and second informa 
tion streams repeat cyclically during the transmission of 
information modulated on the subcarrier with numer 
ous permutations being possible. With reference to the 
multiple phase modulation of FIGS. 7A and FIG. 12, 
the processor and protocol encoder 110 modulates each 
of the phases 45°, 135,225 and 315° with a binary 0 or 
1. The binary 0 is the lesser amplitude 140 and the bi 
nary 1 is the higher amplitude level 142 illustrated in 
FIG. 12. 

Different permutations of the modulation of each 
cycle of the subcarrier with the both first and second 
encoded information streams in analog form, as illus 
trated in FIG. 12, or digital form, as illustrated in FIG. 
13, are utilized for practicing the invention as described 
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below because there is no need to synchronize the re 
ceiving circuitry with the timing of the information 
stream as being modulated on the subcarrier. Alterna 
tively, a single cycle of the subcarrier may be modu 
lated with information from only one of the encoded 
information streams such that all quadrants of the sub 
carrier illustrated in FIG. 12 for transmission by an 
analog transmitter 124 are modulated with information 
exclusively from only one of the encoded information 
streams followed by a single cycle of the subcarrier 
being exclusively modulated with only the other of the 
encoded information streams. A plurality of quadrants 
of the cycle of the subcarrier may be modulated with 
the first encoded information stream such as the 45 and 
135 phases and a different plurality of quadrants of the 
cycle of the subcarrier may be modulated with the sec 
ond information stream such as the 225 and 315 phases 
as illustrated in FIG. 7A. In the circumstance where a 
first cycle is modulated exclusively with only informa 
tion from one of the information streams, a second cycle 
may be modulated with information exclusively from 
only that same information stream, such as subsequent 
bits within a single character or with information from 
one or more additional characters followed by Subse 
quent first and second cycles of the subcarrier being 
modulated with information from only the other of the 
two encoded information streams. The information may 
be successive bits of a character, a unit of information, 
data, or digital words, etc., or one or more successive 
characters, units of information or data or digital words, 
etc. It should be noted that other analog modulation 
protocols may be used to encode the first and second 
encoded information streams other than multiple phase 
modulation of the subcarrier. These protocols deter 
mine the throughput rates of information transmission. 
A doubling of the number of bits carried per cycle of 
the subcarrier doubles the throughput rate. 

Alternatively, when a digital transmitter 124 is used, 
the subcarrier modulator 113 modulates cycles of the 
subcarrier with pulse width modulation, as illustrated, 
for example, in FIGS. 7A and 13, with each part or half 
of a cycle of the squarewave subcarrier being pulse 
width modulated with one of a plurality of discrete 
pulse widths to encode one of a range of numbers. A 
greater numerical range may be encoded on each half of 
the squarewave depending upon the ability of the digital 
signal processor of the receiver or transceiver or digital 
signal processor associated with a base station as de 
scribed below to accurately integrate the width of each 
half of the subcarrier. FIGS. 7B and 13 illustrate the 
encoding of of a cycle (part) of a squarewave subcar 
rier which has been modulated to encode 16 possible 
numeric values. Other numerical values may be en 
coded especially in view of an increased signal to noise 
ratio provided by the digital signal processor described 
below. While the numeric values are illustrated in FIG. 
13 as being encoded with a fixed incremental pulse 
width for each increase in level, it is possible, in accor 
dance with the invention, when utilizing a digital signal 
processor, as described below, to process the received 
signal to reduce the signal to noise ratio and distortion 
to have the lower numeric values encoded with a wider 
pulse width than the upper numeric values. The time 
multiplexing of the modulation of the subcarrier with 
characters, data information, words, etc., from the first 
and second encoded information streams may be such 
that, for example, as illustrated in FIG. 7B, the first half 
of a cycle is modulated with only a plurality of bits (4 
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bits, as illustrated in FIG. 13) from the first encoded 
information stream and the second half of the cycle of a 
subcarrier is modulated with only a plurality of bits 
from the second encoded information stream. Alterna 
tively, the first and second halves of a single cycle of the 
squarewave may be modulated with information from 
only one of the encoded information streams followed 
by the first and second halves of the next cycle of a 
Squarewave being modulated by information from the 
other of the encoded information streams. Moreover, a 
sequence of cycles of the squarewave subcarrier may be 
modulated with information exclusively from only one 
of the first and second encoded information streams 
followed by a sequence of cycles which are modulated 
with information exclusively from only the other of the 
first and second information streams. These patterns of 
modulation of one or more cycles of the subcarrier with 
the first and second information streams repeat cycli 
cally during the transmission of information modulated 
on the subcarrier. 
As is apparent, numerous permutations of modulation 

of the first and second parts of one or more cycles of the 
digital or squarewave subcarrier are possible with the 
first and second encoded information streams in practic 
ing the invention. Moreover, increasing the number of 
numeric values or phases being modulated for a given 
subcarrier frequency, such as doubling the values, pro 
portionately increases the information throughput 
ransmission rate. Doubling the subcarrier frequency 

also doubles the throughput transmission. 
The processor and protocol encoder 110 and opera 

tion thereof is further described below in conjunction 
with FIGS. 14 to 22. The receiver 104 is described 
below in conjunction with FIGS. 23 to 28. However, it 
should be understood that the present invention is not 
limited to the preferred embodiments of the processor 
and protocol encoder 110 and receiver 104 described 
below. 

FIG. 14 illustrates a block diagram of the processor 
and protocol encoder 110 of FIG. 11. FIG. 14 is identi 
cal to the prior art of FIG. 6 except that a multiple 
phase and/or pulse width modulation encoder 100 is 
connected to the digital data bus 58 to permit the encod 
ing of prior art protocols used for one-way and two 
way messaging as well as the practicing of the present 
invention in encoding the analog or digital parallel in 
formation stream protocols as described above includ 
ing with reference to FIGS. 7A and 7B and FIGS. 12 
and 13. The same reference numerals identify like parts 
in FIGS. 6 and 14. The architecture of the multiple 
phase and/or pulse width modulation encoder 100 is 
described below in detail in FIG. 21. It should be under 
stood that FIG. 14 represents only a single possible 
embodiment of the processor and protocol encoder 110 
which may be used in practicing the invention. 
An important aspect of the present invention is the 

modulation of cycles of the subcarrier with the first and 
second serial encoded information streams typically 
containing identical information time displaced on the 
continuous subcarrier by the TIME DELAY INTER 
VAL of FIG. 8 to produce the first and second parallel 
information streams as modulated on cycles of the sub 
carrier time displaced by the TIME DELAY INTER 
VAL. The transmission of parallel information streams 
on cycles of the subcarrier with the time offset of the 
TIME DELAY INTERVAL is a consequence of the 
two encoded time offset information streams of serial 
information modulating different phases or parts of a 
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single cycle of the subcarrier in a repeating manner or 
time multiplex modulating different cycles of the single 
subcarrier in a repeating manner to produce modulation 
on the cycles of the subcarrier which, over a period of 
time, encode in parallel an entire message or block of 
information comprised of information units such as 
characters, data, digital words, etc. 

In an analog mode of transmission, an example of the 
first and second parallel information streams may be 
visualized with respect to FIGS. 7A and 12. Each cycle 
of the analog subcarrier may be visualized as a repeat of 
FIG. 12 with four phase modulation to encode zeros 
140 and ones 142 with FIG. 7A representing plural 
cycles of the subcarrier. If each cycle of the subcarrier 
is modulated by the first and second encoded informa 
tion streams as illustrated in FIG. 7A, as also described 
in detail below when 8-bit messages are separated into 
4-bit nibbles, the first parallel information stream may 
be the information carried at the 45 and 135 positions 
in the first and second quadrants over a sequence of 
successive cycles of the subcarrier and the second paral 
lel information stream may be the information at the 
225 and 315 positions in the third and fourth quadrants 
over a sequence of successive cycles of the subcarrier. 
As described above, the first and second parallel infor 
mation streams are preferably time shifted as modulated 
on the subcarrier such that identical information units 
within a message or block of information are separated 
by the TIME DELAY INTERVAL of FIG. 8. Two 
cycles of the analog subcarrier are required to transmit 
a complete 8-bit character with the analog modulation 
of FIG. 12. Alternatively, one or more cycles of the 
subcarrier are modulated at the 45, 135,225 and 315 
positions of the four quadrants exclusively by only one 
of the encoded information streams to produce one of 
the parallel information streams followed by one or 
more cycles of the subcarrier being modulated at the 
45°, 135,225 and 315 positions of the quadrants exclu 
sively by only the other of the encoded information 
streams to produce the other parallel information 
stream over a sequence of cycles of the subcarrier. 
The digital transmission of the first and second paral 

lel information streams may be visualized with respect 
to FIGS. 7B and 13. One or more sequential halves or 
parts of the digital or squarewave subcarrier are modu 
lated with one of the encoded information streams over 
a sequence of cycles of the subcarrier to produce one of 
the parallel information streams and one or more se 
quential halves or parts of the digital or squarewave 
subcarrier are modulated with the other one of the 
encoded information streams over a sequence of cycles 
of the subcarrier to produce the other of the parallel 
information streams with the above-described pattern 
being repeated. As described above, the first and second 
parallel information systems are preferably time shifted 
as modulated on the subcarrier such that identical infor 
mation units within a message or block of information 
are separated by the TIME DELAY INTERVAL of 
FIG. 8 and must be so time shifted to produce error free 
information. Two cycles of the digital subcarrier are 
required to transmit a complete 8-bit character with the 
digital modulation of FIGS. 7A and 13. However, as 
described above, a greater range of numbers may be 
encoded in each half of the squarewave subcarrier when 
the digital signal processor of the receiver, transceiver 
or receiving circuitry associated with a base station has 
the requisite integration capability as described below 
to detect a greater range of different modulation widths. 
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The purpose of the time offset protocol of FIG. 8, as 
utilized in analog or digital formats as described above 
and illustrated respectively in FIGS. 7A, 7B, 12 and 13, 
is to increase the probability that the receiver, trans 
ceiver or receiving circuitry associated with a base 
station receives the transmitted information or message 
correctly at high speed with a requirement of low radi 
ated power. The protocol efficiently utilizes multiple 
phases, as described above with reference to FIGS. 7A 
and 12, when the transmitter is an analog transmitter 
and efficiently uses pulse width modulation as described 
above with reference to FIGS. 7B and 13 when the 
transmitter is a digital transmitter to transmit the first 
and second parallel information streams having identi 
cal units of information time offset by the programma 
ble TIMEDELAY INTERVAL of FIG. 8 to minimize 
transmission errors. 
The error correction bits that are embedded in each 

of the frames of the encoded parallel information 
streams help the receiving circuitry correct transmis 
Sion errors in the event of short natural or man-made 
interferences that occur during the transmission stream 
such as, for example, 2 bits with the POCSAG protocol. 
Each frame is comprised of bits of information to be 
received by the receiving circuitry and bits of error 
correction information. The bits of error correction 
information may be without limitation in the form of a 
32/14 BCH error correction code such that each frame 
is comprised of 32 bits of information to which is added 
14 bits of error correction code. However, when longer 
natural or man-made interferences occur that have a 
duration of several milliseconds or more, the receiving 
circuitry upon detecting the predetermined bit error 
such as a 3-bit or larger error which results from a fade 
that may cause loss of synchronism and results in uncor 
rectable information uses the two time offset parallel 
information streams to replace missing faded portions of 
the message and maintain synchronism. 
The probability that the same portion of each mes 

sage or information transmission time offset by the 
TIME DELAY INTERVAL which is encoded by the 
first and second parallel information streams will be 
missed is very low. Therefore the overall receiving 
circuitry reliability is increased significantly by utilizing 
this time offset methodology, as illustrated in FIG. 8, 
with a correctly chosen offset. FIG. 8 is a representa 
tive example of the time offset of the forward first and 
back second encoded information streams displaced in 
time by the TIME DELAY INTERVAL which is 
present in the parallel information streams modulated 
on the subcarrier at broadcast. The TIME DELAY 
INTERVAL between the forward and back encoded 
information streams is system programmable by a sys 
tem entry in the encoding controller as described be 
low. 
FIG. 15 illustrates a representative example of the 

various entries that are needed to optimize the encoding 
protocol efficiency. Entry one is the one-way or two 
way wireless transmitting systems operating frequency 
in megahertz. The processor and protocol encoder 110, 
utilizes this numeric entry to produce the first and sec 
ond encoded information streams with the time offset 
equal to the TIME DELAY INTERVAL necessary to 
overcome the effects of Rayleigh fading and other inter 
ference at the system frequency as described below. To 
this time calculation the encoding processor 110 adds a 
margin as represented by entry five to assure that the 
time offset is in excess of the variation rate of the Ray 
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leigh fading and other interference at the system trans 
mitting frequency. Entry two of FIG. 15 is a system 
wide entry that indicates to the processor and protocol 
encoder 110 whether the characters, words, data, etc. 
should be sent to the radio transmitter, transceiver or 
base station system in a digital or an analog format. 
Entry three of FIG. 15 indicates to the processor and 
protocol encoder 110 what the maximum rate of trans 
mission that the radio transmitter, transceiver or base 
station is capable of accommodating. The maximum 
rate of transmission is a limitation that is solely depen 
dent upon the radio transmitter, transceiver or base 
station and is the frequency of the subcarrier. Transmis 
sion may be sent at any rate slower than the maximum 
rate to accommodate the various generations of receiv 
ers or transceivers that may have slower receiving cir 
cuitry. Entry four of FIG. 15 is a visual display only. It 
is to indicate to system personnel what the actual TIME 
DELAY INTERVAL between the forward first and 
backward second encoded information streams are in 
milliseconds. Entry five of FIG. 15 is a system-wide 
entry in the one-way or two-way wireless system that 
can permit additional delay to be added or subtracted to 
the delay in entry four. This is to allow system person 
nel to further add to the optimization of the data stream 
delay as necessary. Such an optimization delay may be 
necessary in the event where the radio transmitting 
system is subjected to other natural or man-made inter 
ferences besides, or in addition to, Rayleigh fading. A 
typical example of such an optimization correction 
would be for areas that have rough geographical ter 
rain, large buildings that may precipitate severe multi 
path distortions of the data stream, and internal building 
radio systems that may have radio path blockages due 
to metal obstructions. Entry six of FIG. 15 is an entry 
that is common on wireless radio transmitting systems. 
There is a finite period of time required for the encoding 
controller or a simulcast system controller 122 in a 
one-way wireless system or in a two-way wireless sys 
tem to send commands to the radio transmitters or base 
stations to turn on. This time delay can vary dramati 
cally depending upon the system configuration. It may 
be as short as a few hundred milliseconds and as long as 
several seconds when numerous radio links are utilized 
to convey the transmitter or base station turn on infor 
mation to the radio base station. This programmable 
entry allows system technicians to program the period 
of time or pause between the time the encoder sends the 
key transmitter or base station signal and begins the 
actual transmission of the protocol. Entry seven of FIG. 
15 indicates to the encoding controller the configura 
tion and/or presence of additional equipments that may 
be utilizing the same radio transmitting system. A multi 
tude of different types of transmitter controllers and 
radio message encoders or paging terminals are present 
in the one-way and two-way wireless industry. There 
are very few industry standards as to the type of control 
between the two co-residing controllers for the radio 
channel. Therefore, this two character, alphanumeric 
entry permits a wide variation of timing as well as logic 
level interfaces to be utilized to permit co-existing with 
other paging and messaging equipments as well as two 
way wireless equipment. Entry eight of FIG. 15 indi 
cates to the encoder the duration that it will have access 
to the channel. In many systems it is required or desired 
to limit the amount of air-time utilized by either of the 
two controllers. This is to permit an opportunity for 
each to distribute the messages they have to the radio 
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transmitting system of a one-way or two-way wireless 
system in a timely fashion. Entry eight also permits a 
level of safety for the radio transmitter of a one-way or 
two-way wireless system. It assures that in the event of 
a malfunction, the encoder will relinquish control of the 
transmitting system back to the co-resident controller 
within a fixed period of time. 
The performance of the protocol of the invention, has 

a considerably improved message efficiency. FIG. 9 
shows the worst case performance of both a 512 baud 
and 1200 baud multistream diphase quadrature modula 
tion transmission represented by the data of FIGS. 
10A-10K. The 512 baud rate is only shown for compar 
ative purposes and the 1200 Hz. rate or higher fre 
quency subcarriers are utilized for the protocol in prac 
ticing the invention. It can be observed that a marked 
decrease in message failures occurs as the time offset of 
the two information streams are offset approximately 
300 milliseconds while providing for high data through 
put rates. At 400 milliseconds the message reliability is 
in excess of 99.99%. 
A second advantage of time offsetting the same units 

of information in the transmitted message streams is that 
the receiving circuitry can operate with a much lower 
median field strength. FIG. 9 represents a median field 
strength of only 32 microvolts per meter. The receiver 
threshold is 8 microvolts per meter, the same as the 
POCSAG example in FIG. 5. However, the median 
field strength for the multistream receiver is four times 
less than the POCSAG example. This represents a re 
duction in transmitted power of eight times less power 
with a receiver reliability far in excess of the current 
serial protocols. This represents a significant savings in 
radio transmitter plant equipment to service a geo 
graphical area and may permit numerous FCC licensed 
frequencies which are not in commercial operation 
because of poor broadcast coverage to be commercially 
used without additional transmitter expenses. The same 
benefits are achievable when the invention is applied to 
a two-way wireless system. 

It can be concluded that it is not the median field 
strength that increases the reception reliability. It is 
solely dependent on a solution that allows the radio 
message to be time offset in such a way as to overcome 
the net effects of Rayleigh and multipath fading to 
avoid loss of synchronism and to replace lost or errone 
ous data. The multistream parallel protocol of the in 
vention represents a receiving efficiency that is far in 
excess of any protocol that is currently available in the 
one-way or two-way wireless industry. It permits the 
reliable utilization of receivers, transceivers and receiv 
ing circuitry associated with base stations to receive 
long alphanumeric messages. The reception efficiency 
is so high that a one-way messaging system can be uti 
lized in lieu of a two-way messaging system, and yet 
maintain the same reception reliability. This represents 
a further savings in radio transmission equipment and 
related processing equipment necessary to accommo 
date a two-way packet data architecture. Two-way 
systems suffer from the effect that a marked decrease in 
the number of subscribers per radio channel are typical. 
The protocol of the invention is considerably more air 
time efficient than the current one-way and two-way 
digital protocols. The protocol of the invention is al 
most an order of magnitude faster that the POCSAG 
protocol when transmitted at 1200 Hz. as compared to 
512 Hz. POCSAG transmissions. However, the greatest 
advantage is in terms of message reception reliability 
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and the ability to operate at significantly lower median 
field strengths in one-way and two-way wireless sys 
teas. 
The time offset for the protocol of the invention 

requires that the message be copied and sent and time 
shifted to produce the first and second encoded infor 
mation streams offset by the programmable TIME 
DELAY INTERVAL of FIG. 8. As previously indi 
cated, the time offset would typically be without limita 
tion in a range between 50 and 500 milliseconds be 
tween the first and second encoded information streams 
to obtain the highest message reception reliability. Since 
the first and second encoded information streams typi 
cally contain the same encoded information units which 
are time displaced by the TIME DELAY OFFSET of 
FIG. 8 at the time of modulation of the subcarrier, the 
first and second parallel message streams modulated on 
the subcarrier have the same basic time displacement 
between the same information units resulting in the 
improved performance discussed above when the car 
rier is modulated with the modulated subcarrier, trans 
mitted by RF broadcast and processed by the receiver, 
transceiver or receiving circuitry associated with a base 
station to replace faded information in at least one of the 
received parallel information streams with unfaded 
information from at least one of the parallel information 
streams which is time offset by the TIME DELAY 
INTERVAL. 
In order to prepare the message to be transmitted via 

radio to the receiver 104 or transceiver as discussed 
below, preprocessing of the message is necessary. This 
example is with reference to the sequential modulation 
of parts of the squarewave of FIG. 7B with a 4-bit 
nibble of information from the first and second informa 
tion streams each having sixteen possible widths. In this 
example, the first half of the cycle of the subcarrier is 
modulated sequentially with information stored at sys 
tem memory bit positions D0-D3 of FIG. 17 and the 
second half of the cycle of the subcarrier is modulated 
sequentially with information stored at system memory 
bit positions D4-D7 of FIG. 18. It should be understood 
that if 8-bit ASCII characters are being sent, each infor 
mation stream will take two successive pulse width 
modulations of the same part of each cycle to modulate 
a full character. In other words, sequentially over time 
the respective system memory bit positions D0-D3 and 
D4-D7 representing the modulation of a different part 
of each cycle of the subcarrier receive all bits of each 
information unit time shifted by the TIME DELAY 
INTERVAL. This process may use seven steps in order 
to prepare the message for transmission. They are: 

1. The resident processor U1 illustrated in FIG. 21, of 
the processor and encoder and processor module 
100 of FIG. 14 receives the wireless receiver's or 
transceiver's ID, command, message, and end-of 
file marker from the main central processing unit 
such as the CPU 30. The message is similar to a 
portion of a single message stream in FIG. 8. 

2. The resident processor U1 of the encoder and 
processor module 100 makes the conversion and 
calculations necessary to add the SYNC/wake-up 
and OFFSET command to the message to be trans 
mitted. Two digits of the wireless receiver's or 
transceiver's ID are added to the SYNC/wake-up 
portion of the message. This permits an optimiza 
tion of the wireless receiver's or transceiver's bat 
tery efficiency as previously described. 
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3. The resident processor U1 of the encoder and 
processor module 100 converts the 8-bit ASCII 
message to two 4-bit nibbles, as illustrated in FIG. 
16 by bit masking and moving system memory bit 
positions D4 through D7 to a following memory 5 
position. The memory processing may be per 
formed in the RAM U17 and U43 of FIG. 21. As 
illustrated, memory A with the content of FIG. 17 
and memory B with the content of FIG. 18 will 
store the identical information in the system mem 
ory bit positions D0-D3 and D4-D7 respectively 
as are contained in the system memory bit positions 
D0-D7 to the left of FIG. 16 which is made up of 
sequential eight bit words prior to breaking each 8 
bit information unit into 4 bit nibbles. As a result, 
each of the memories A and B will contain twice as 
many addressable groups of four bits for each infor 
mation transmission as were present originally in 
the addressable groups of eight bits. It should be 
noted, as described below, that other methods of 20 
processing the bits of each information unit of the 
encoded information stream such as encoding all of 
the bits of each character of both of the first and 
second encoded information streams on a half 
cycle of the subcarrier are within the scope of the 25 
invention. The four least significant bits of the 
original eight bits D0-D7 of each information unit 
are stored in the first memory position of the for 
ward memory. A buffer and the remaining four 
most significant bits are shifted to bit positions DO 
through D3 and stored in the second position of the 
forward memory A buffer. The entire message is 
converted to 4-bit nibbles and stored in the forward 
memory buffer. FIG. 17 represents the content of 
the forward first memory A buffer. 

4. The resident processor U1 of the encoder and 
processor module 100 then copies the entire mes 
sage that is stored in the forward memory Abuffer, 
and the copy is stored in the back memory B buffer 
in system memory bit positions D4-D7 FIG. 18 
represents the content of the second memory B 
buffer. 

5. The resident processor U1 of the encoder and 
processor module 100 fetches the forward first 
message from the forward message buffer of FIG. 
17, calculates the required TIME DELAY IN 
TERVAL of the two message streams, as illus 
trated in FIG. 8, and fetches the back message from 
the second back message buffer of FIG. 18. The 
forward first message (bits DO through D3) are 
combined with the second back message (bits D4 
through D7). The dual information is stored in an 
intermediate memory buffer as illustrated in FIG. 
19 with the messages separated by the TIME 
DELAY INTERVAL. The message stored in the 
intermediate buffer, as illustrated in FIG. 19, now 
has both the first and second identical messages 
stored and combined in such a fashion that the 
identical information units of the messages are off 
set in memory locations such that they may be read 
out with a time separation in milliseconds equal to 
the TIME DELAY INTERVAL of FIG. 8 to 
overcome fading effects. 

6. The resident processor U1 of the encoder and 
processor module 100 fetches the previously com 
bined forward first and back second messages from 
the intermediate memory of FIG. 19, and adds 
marker characters at each 20th character to be sent 
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as illustrated in FIG. 20. The marker characters are 
added to permit the receiving circuitry processor 
U7' illustrated in FIG. 23 to determine blocks of 
characters for message reassembly when faded 
information is in excess of the error correction 
capability of the forward first and back second data 
streams. The message(s) are stored in the transmis 
sion buffer memory. FIG. 20 represents the mes 
sage portion stored in the transmission buffer mem 
ory. It shows the forward first encoded informa 
tion stored in four bit nibbles stored in system mem 
ory bit positions DO through D3 and the back 
second encoded information stored in four bit nib 
bles stored in system memory bit positions D4 
through D7. As indicated in FIG. 20, 20 characters 
of the message are shown being C1 through C20. 
At parallel readout, the back second information 
characters are offset from their counterparts front 
first information characters by the desired TIME 
DELAY INTERVAL of FIG. 7. In the example 
of FIG. 20, upon parallel readout, the first charac 
ter C1 of the back second message is readout with 
the seventh character C7 of the forward first mes 
sage. The TIMEDELAY INTERVAL is the time 
offset of identical information units of the encoded 
messages streams at parallel readout. For example, 
characters C1 and C7 of the back and forward 
messages are readout in parallel followed by paral 
lel readout of succeeding characters in the back 
and forward messages. The parallel readout char 
acters from the first and second encoded message 
streams (e.g. C1 and C7) modulate the subcarrier as 
described in the various ways described above. 
Typically, the TIME DELAY INTERVAL offset 
of FIG. 8 is such that the first character of the back 
message is considerably more delayed than the 
example indicates. 

After the 20th character in both message streams, two 
marker characters are inserted. Marker character 1 
(M1) represents a synchronization character that is not 
utilized for any other character. It typically represents 
all binary ones. The second marker character is actually 
a marker counter labeled MC. It counts from hexadeci 
mal 00 through 255 and assists the receiving circuitry in 
locating the same message portions of the forward first 
and back second encoded messages when reassembly or 
replacement of the faded messages are required. 

7. The resident processor U1 of the encoder and 
processor module 100 then waits for the availabil 
ity of the analog or digital radio transmitter. Upon 
gaining access to the radio transmitter of a one-way 
or two-way wireless system, the resident control 
processor U1 of the encoder module and processor 
110 fetches the message(s) or information to be 
transmitted from the transmission buffer memory 
and in the process of forwarding to the encoder 
adds the 32/14 BCH error correction code or other 
error correction code depending upon whether the 
application is in a one- or two-way wireless system. 
The message(s) are transferred to the multistream 
encoder and processor 100 for modulation on the 
cycles of the subcarrier in either the analog (e.g., 
FIGS. 7A and 12) or digital (FIGS. 7B and 13) 
format for radio transmission as described above. 

Transmission markers, as described above, are in 
serted at every 20th character to permit reconstruction 
of the message stream in either the first or second paral 
lel information stream. When messages exceed the 255 
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marker numbering (5100 characters), the marker The controller 122 or a network switch 602 of a wire 
counter resets to binary zero. The time for the transmis- less system, has knowledge of the operating frequency 
sion of the message in a serial fashion is such that the of the radio transmitting system to which it is con 
cycling of the marker numbering from a binary 0 to 255 nected. This permits the encoder and processor 100 to 
does not exceed the maximum fade duration. The time 5 calculate and determine the TIME DELAY INTER 
for the marker to progress from binary 0 to 255 with a VAL necessary as described above to maximize the 
1200 Hz subcarrier is approximately 6.1 seconds. This is transmission reliability to the receiving circuitry by 
far in excess of the optimum anticipated time offset of overcoming the effects of Rayleigh fading, and natural 
50-500 milliseconds for reliable 150 MHz operation. and man-made interferences as described above. 
The required TIMEDELAYINTERVAL of FIG. 8 is 10 The encoder and processor module 100 receives the 
approximately inversely proportional as a function of following information from the main processor 30: 
frequency for high frequencies. 1. One or more messages with the same preamble. 

If the preceding cycle of the subcarrier contains all 2. The ID code of the receiver(s) or transceiver(s). 
binary ones, the next cycle of the subcarrier is inverted 3. A command from the main CPU 30 subscriber file 
to contain all zeros for the purpose of receiving cir- (by default) or a command that has been received 
cuitry synchronization. This is to insure that a cycle by the message originator. Y - 
transition occurs during the end of the modulation of a 4. The message text which may be 4-bit (nibble) nu 
half of a cycle of the subcarrier to insure that the digital meric information, 7-, 3-, or 16-bit ASCII or graph 
signal processor U3, of FIG. 23 of the receiving cir- ics i. or other information. 
cuitry, as described below, maintains synchronization 20 5. The speed of data transmission. - 
during the synchronization window. If a transition does 6. The mode of data transmission (analog or digital). 
not occur during the synchronization window, the digi- 7. Optionally, a special EOF command. 

- - - - - - The resident control processor U1 of FIG. 21 in the 
Signs E.G.E.Art encoder and processor module 100 adds the following 
synchronize the receiving circuitry to the incoming 25 information to the message stream during the encoding 
data stream. The stability of the internal receiving cir- Pri time OFFSET command 
ERE 2. The 32/14 BCH error correction code or other 

e error code chosen for the one-way or two-wa 
out causing a total loss of the received parallel informa- ro a y y as 30 wireless application. tion or data streams. 

8. infor When the encoding mechanism is initially placed in 3. The offsetting of the dual transmitted parallel infor 
mation streams. 

service, certain system software located in the operating 4. Marker characters (to permit comparison between 
program of the main CPU 30 is forwarded to the en StreanS). 
coder and processor 110. Specifically, timing informa- is 5. EEF termination command. 
tion pertaining to the desired TIMEDELAY INTER- The microprocessor U1 takes the 8-bit ASCII infor 
VAL offset of FIG.8 required for the respective radio mation and splits the information into 4-bit nibbles. The 
transmitting system is forwarded. This TIMEDELAY nibbles are transmitted with the lower least significant 
INTERVAL offset is calculated or determined as de bits, followed by the higher most significant bits of each 
Scribed above, is in milliseconds and is a summation of 40 character. The microprocessor Uthen stores this in 
the time offset calculated by the encoding mechanism formation in random access memory U17 and U43 as 
from FIG. 15, item four, added to item five. The addi- illustrated in FIG. 17. A calculation is made of the 
tion of both the data stream delay and the optimization required TIMEDELAY INTERVAL of FIG.7 neces 
delay permits a particular radio transmitter of a one- sary between the parallel streams as described above. 
Way of WotWay Wireless. Systern to have the base 45 The microprocessor U1 also has preprogrammed the 
TIME DELAY INTERVAL TIME OFFSET calcu- maximum transmission rate of the radio transmitter of 
lated by the main CPU30 to offset the cumulative ef- the one-way or two-way wireless system, and therefore 
fects of fading. Item five of FIG.15 permits system can readily calculate the necessary time shift provided 
engineers to add or subtract an additional delay time to by the TIMEDELAY INTERVAL of FIG.8 required 
further optimize the system to meet case specific re- 50 to optimize the transmission efficiency. The micro 
quirements. If necessary, entry for the data stream delay processor U1 then replicates the divided four-bit data 
may be negated by a negative entry entered by a system stream into another area of RAM that corresponds to 
engineer in item five to produce the optimized delay the actual required time offset as illustrated in FIG. 18. 
time. Thereafter, processing is completed involving storage 
The speed and the rate at which fading occurs is 55 in the RAM as illustrated in FIGS. 19 and 20. 

dependent upon both the operating frequency of the FIG. 21 illustrates an encoder and processor module 
radio transmitter of a one-way or two-way wireless 100 block diagram containing the necessary electronics 
System and the speed and rate at which the receiver or to interface the digital highways from the main control 
transceiver is moving as described above. Both vari- CPU 30 and process the information for transmission to 
ables may be accommodated for by the two system 60 an analog and/or digital one-way radio system such as 
wide entries that are displayed in FIG. 15. As men- that of FIG. 11 or a two-way radio system such as that 
tioned previously, upon system initialization this time of FIG.34 described below. The encoder and processor 
delay is forwarded to the encoder and processor 100 module 100 contains the interface electronics necessary 
and is utilized to allow the board resident microproces- to meet the many diverse interface requirements that 
sor U1 to prepare the preferably identical message data 65 are present in the one-way and two-way radio transmit 
in the time offset dual information streams discussed ter industry. Data arrives from the central processor 30 
above for transmission by the radio transmitter of a via the 8-bit DATA BUS to buffer circuits U46 and 
one-way or two-way wireless system. U53. The message data or information is temporarily 
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stored in a "first in, first out' memory that provides a 
form of elastic storage for the board resident processor 
U1. When the board resident processor U1 is alerted 
that information exists in the FIFO memory, the data is 
transferred and stored via the data address control bus 
to RAM memories U17 and U43 for processing. Upon 
system initialization, the board resident processor U1 is 
alerted as to the default transmission speed to which 
messages will be sent, and also a default mode of data 
transmission (analog or digital). The board resident 
processor U1 has a stored program that controls the 
encoding process as described above that is contained in 
EPROMU34. The message and ID that is received as 
previously described from the control processor 30, is 
then converted to the dual first and second encoded 
message stream architecture described above. Upon 
completion of the splitting and storage of the 8-bit 
ASCII data into two 4-bit nibble streams as described 
above and illustrated in FIG. 20, the control processor 
U1 attempts to gain access to the radio transmitter of 
the one-way or two-way wireless system such as that 
illustrated in FIG. 11 or FIG. 34 described below. De 
pending upon the interface configuration, the resident 
control processor U1 searches for a status control signal 
from either the radio base station or the external simul 
cast controller 122 or two-way wireless controller or 
network switch 602 via the clear to send line or station 
busy signal as it is commonly referred to in the industry. 
Upon determining that the radio transmitter 124 of a 
one-way wireless system or a transmitter of a two-way 
wireless system is not busy, the resident control proces 
sor U1 keys the radio transmitter by a digital logic sig 
nal that is sent by a control latch U49. 

It may be necessary to send several signals to the 
one-way or two-way radio transmitter from the control 
latch U49 depending upon the system configuration. A 
second logic signal called "mode' may also be sent to 
indicate to the radio transmitter or the simulcast con 
troller 122 of a one-way wireless system or transmitter 
or network switch of a two-way wireless system if the 
desired message is to be sent in an analog configuration 
or in a digital FSK or PWM configuration. In many 
system configurations transmitter zones are also utilized 
and one or more of the zone outputs may be enabled to 
select the required transmitting area to transmit the 
message. 
Upon completion of the turn on sequence of the radio 

transmitter of the one-way or two-way wireless system, 
the board control processor U1 sends the message data 
and a mode command to the digital signal processor 
U47. Integrated circuit U47 is a board resident co 
processor that encodes the subcarrier with the multiple 
phase or PWM protocol, as described above, or other 
forms of analog or digital protocols by the system pa 
rameters that have been sent to the board resident pro 
cessor U1 by the main processor 30. The encoding for 
mat, as described above and error correction routines, 
such as the 32/14 BCH error correction routine in a 
one-way wireless application or other error correction 
routine in a two-way wireless application, that needs to 
be added to the dual streams of information reside in a 
resident stored program memory U50. In the example 
given above, four bit nibbles of the message are sent in 
sequential order by the board resident processor U1 to 
the digital signal processor U47 for processing. The 
message is temporarily stored in the 2K RAM buffer 
U46 and as the digital signal processor forwards the 
information to either the digital shift register U13 to 
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produce the digital format of FIGS. 7B and 13 for trans 
mission by a digital transmitter, or to the CODECU43 
to produce the analog format of FIGS. 7A and 12 for 
transmission by an analog transmitter. 
The digital signal processor U47 also has access and is 

capable of generating modem tones by accessing the 
board resident modem U24. The output of the modem is 
then connected to the analog ports via data switches for 
transmission to the analog radio transmitting System. 
With system configuration information that resides in 

the control program of the main processor 30, numer 
ous interface configurations may be obtained by the 
encoder and processor 100 to a one-way radio transmit 
ting system such as that of FIG. 11 or a two-way wire 
less system such as that of FIG. 34 described below. 
The encoder and processor 100 also has the ability to 
receive data from other modules that may exist in the 
encoding mechanism. That information arrives from the 
PCM DATA bus and can be sent via an analog switch 
directly to the CODEC U48 for transmission to the 
analog radio transmitting system. This connection to 
the external digital PCM highways can permit voice 
messaging or other analog paging tones to be sent from 
the synthesizer module. As many messaging systems 
have multiple formats that co-exist on the same radio 
transmitter, 2- tone signaling, 5/6 tone signaling, 
DTMF signaling, POCSAG and Golay formats and 
two-way formats may also be transmitted by the proces 
sor and encoder 100 via these external PCM ports. 
The digital signal processor U47 may also send digital 

data directly back to the PCM DATA bus to another 
module. In the event that a purely analog system with 
multiple analog radio channels is utilized, the digital 
signal processor U47 digital data may be sent to a dual 
channel board module (not illustrated). If frequency 
agile receivers or transceivers are utilized, this is the 
preferred mode of interface to the multiple radio trans 
mitters. One encoder module can be utilized to gain 
access to numerous radio channels without the need for 
additional encoder modules. 
Upon completion of the transmission of the message, 

the digital signal processor U47 alerts the board resident 
control processor U1 that the message is complete. The 
board resident control processor U1 then signals the 
main processor 30, via control signals and the 8-bit 
DATA bus, that it is ready for transmission of new 
messages. 
When the message is ready for transmission, the one 

way system controller 122 of FIG. 11 or network 
switch 602 of FIG. 34 requests access to the radio trans 
mitter facility and begins the transmission process. 
Often times the one-way radio controller mechanism 
122 or two-way network switch 602 must co-reside 
and/or exist with other radio control equipments and 
share the same radio transmission facility. Such co 
existence is commonplace in the industry and is accom 
plished by cross connecting the equivalent of clear to 
send and ready to send control signals with each other 
to permit the two system controllers to co-exist without 
conflict or collision. This co-existence permits messag 
ing facilities to utilize many other types of radio equip 
ments that they may currently have. The control mech 
anism and protocol can co-reside and co-exist with the 
hundreds of various signaling protocols that are cur 
rently being utilized in the industry today. 
When the transmitter 124 is available for use by the 

system controller 122 in a one-way wireless system or 
the transmitter for use by the network switch 602 or 
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controller in a two-way system is available, the trans 
mission of the protocol begins. The encoder module 
microprocessor U1 fetches the eight-bit data from ran 
dom access memory and forwards it to the modulator. 
The eight-bit information consists of four-bits of Word 
A, and initially, four-bits of filler code if this is the very 
first transmission to be sent. 
A typical message to be transmitted to a wireless 

receiver or transceiver is similar to the individual first 
and second encoded messages of FIG. 8. It consists of 
the SYNC signal that has a net effect of synchronizing 
the respective receivers 104 or transceivers 700 to pre 
pare to receive a message if a preamble group match 
occurs. The SYNC signal is followed typically by the 
ID or address of the particular receiver 104 or trans 
ceiver 700 to which the message is being transmitted. 
Utilizing the first two digits of the receiver's or trans 
ceiver's ID as a synchronization signal, and alerting 
only 1 of the 100 preamble groups of receivers or trans 
ceivers increases the air time efficiency of the protocol. 
The SYNC/wake-up is then followed by the time OFF 
SET command that alerts the receiver 104 or trans 
ceiver 700 to the TIMEDELAY INTERVAL offset of 
the forward first and back second encoded message 
streams. The balance of the ID code follows the time 
offset command. The ID code is followed by the COM 
MAND that alerts the receiver 104 or transceiver 700 as 
to the type of message and specific handling instruc 
tions. The COMMAND is followed by the actual IN 
FORMATION which may be of any type to be for 
warded. Upon completion of the transmission of the 
INFORMATION, the end of file termination informa 
tion EOF is sent to the receiver 104 or transceiver 700 
to indicate completion of the transmission. 
The SYNC signal is sent at the subcarrier rate that 

has been previously programmed into the encoding 
controller by entry three of FIG. 15. The SYNC sig 
nal's purpose is to alert the digital signal processor U3' 
in FIG. 23 in the receiving circuitry that information is 
forthcoming, and also serves as a battery saving tech 
nique to wake-up only the receivers 104 or transceivers 
700 assigned to that particular prefix or synchronization 
group. This has a net effect of providing a tremendous 
battery savings, as only a portion of the receiver or 
transceiver in a system wake-up at this point and con 
Sume battery current. All receivers or transceivers that 
do not see the SYNC signal pattern that corresponds to 
its synchronization code and two digits of the ID code 
remain in a low current sampling mode. 
The receivers 104 or transceivers 700 that have now 

received the SYNC signal are now awaiting the balance 
of the message INFORMATION. The synchronization 
words are followed by the OFFSET command. This 
alerts the microprocessor U1 in the receiver or transmit 
ter of the amount of time shifting of the upper and lower 
nibbles of the same unit of information in the first and 
second parallel information streams. This is to permit 
the receiver or transceiver to look into its stored mem 
ory U8' to determine and to be able to calculate the time 
offset of the first and second parallel information 
streams to reconstruct missing faded portions of the 
message caused by atmospheric dropouts, interferences 
or other types of fades causing faded information paral 
lel in one or the other of the parallel information 
StreamS. 
The time OFFSET command is followed by the 

balance of the identification code of the desired wireless 
receiver 104 or transceiver 700. The ID code will have 
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eight digits with two of the digits being placed in the 
previously described SYNC signal to maximize the 
battery efficiency of the wireless receivers or transceiv 
ers. The ID code is followed by a COMMAND code. 
The command code alerts the receiver or transceiver as 
to the nature or type of information that is about to 
follow. It can request that the receiver or transceiver 
store the information internally, or direct it to an exter 
nal port to a peripheral device, such as a laptop PC 118, 
and also convey information to the receiver as to the 
nature of the type of message. For example, the COM 
MAND alerts the receiving circuitry that the informa 
tion to follow is seven-bit ASCII information, eight-bit 
ASCII information or sixteen-bit information (in the 
event of graphics or Chinese characters or other infor 
mation), digital words, etc. 
The message INFORMATION follows the COM 

MAND. The message can be of variable length and is 
interlaced with additional framing, information words, 
and error correction code to maintain the integrity of 
the data stream. Upon completion of the message, the 
EOF or end of transmission words are sent to indicate 
to the receiver 104 or transceiver 700 the termination or 
completion of the message text. 
The encoding controller U1 of FIG.21 has calculated 

or specifies the time offset of the TIME DELAY IN 
TERVAL for the first and second parallel information 
streams formed by modulation of the subcarrier with 
the first and second information streams as illustrated in 
FIG. 8. This TIME DELAY INTERVAL offset is 
based upon the Rayleigh fading effects at various radio 
transmission frequencies. This calculation takes into 
account the operating environment of the receiver 104 
or transceiver 700. In areas where severe signal degra 
dations may occur due to multipath or man-made inter 
ferences (such as harsh terrain or an office building 
environment), it can be further modified by system 
personnel to include an additional time offset to opti 
mize the message reception reliability as described 
above with reference to entry five in FIG. 15. In the 
multiple phase embodiment using diphase quadrature 
phase modulation, phases one and two over a sequence 
of cycles of the subcarrier corresponding to FIGS. 7A 
and 12 are modulated with the first parallel information 
stream. At the calculated TIMEDELAY INTERVAL 
that is determined by the encoder and processor 100 
microprocessor U1, phases three and four of FIGS. 7A 
and 12 are modulated with the second parallel informa 
tion stream which contains information identical to the 
first parallel information stream. 
The time shifted protocol increases the probability 

for reliable (error free) reception by the receiving cir 
cuitry by orders of magnitude. If the receiving circuitry 
misses any portion of the first parallel message stream, 
the second parallel message stream takes precedence in 
the decoding process. If portions of one or the other of 
the first and second parallel information streams have 
erroneous faded information due to Rayleigh fading 
effects, multipath interference, natural or man-made 
interference, the receiving circuitry's microprocessor 
U7' reassembles unfaded (error free) portions of the 
properly received message time offset by the TIME 
DELAY INTERVAL to replace the erroneous infor 
mation. Further explanation of this decoding process by 
the receiving circuitry follows. 
The protocol interfaces with radio transmitters of 

either one- or two-way wireless systems in either a 
digital or analog subcarrier modulation format. The 
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protocol may be sent via analog or digital radio trans 
mitters. This hybrid transmission protocol is beneficial 
due to the fact that there exists, both domestically and 
globally, an almost even distribution of both analog and 
digital radio transmitters in one-way and two-way wire 
less systems. Typically, large metro city radio transmit 
ting systems in one and two-way wireless systems can 
accommodate both analog and digital signaling proto 
cols. Smaller and rural paging systems may typically be 
exclusively analog in nature. Private paging systems 
such as municipalities, factories, and hospitals typically 
utilize analog radio transmitters because analog radio 
transmitters are lower in cost. When the digital format 
is utilized, the characteristic clear to send, ready to send 
and digital data output of the protocol controller U1 is 
connected typically to a modem. Currently, the one 
way and two-way wireless industry uses 1200 baud 
asynchronous modems quite extensively and the design 
of equipment in accordance with the invention empha 
sizes immediate compatibility with the current radio 
messaging infrastructure. When connected to a digital 
radio base station in a one-way or two-way wireless 
system, the encoder and processor 100 changes the 
pulse width of the subcarrier as illustrated in FIGS. 7B 
and 13 to encode a selectable number within a range of 
numbers during each half cycle of the subcarrier to 
modulate the first and second parallel information 
streams formed of information units such as, but not 
limited to, four bits as described above. Various widths 
of the subcarrier encode different numbers which cause 
positive or negative deviation of the FM radio transmit 
ter. By varying the width of each part of the subcarrier 
pulse width modulated encoded units of information, 
such as 4 bit nibbles, are modulated upon the subcarrier. 
There is movement in the industry underway to in 

crease the subcarrier frequency of the radio transmitters 
from 1200 Hz. to 2400 Hz. and beyond. It is for this 
reason that the variable data rate has been designed into 
the format. As faster modulation rates are obtained by 
the radio transmitter manufacturers in one-way and 
two-way wireless systems, the protocol of the invention 
can be increased accordingly to increase the data 
throughput rate. 
The encoding controller U1 also has the ability to be 

directly interfaced to an analog transmitting system in a 
one-way or two-way wireless system. The encoding 
controller U1 contains a modem capable of encoding in 
the example of FIG. 7A a dibit, diphase protocol for 
each parallel information stream if both parallel streams 
are modulated on each cycle of the subcarrier. It is 
directly connected via a radio link or wire pairs to the 
radio transmitter 124 in a one-way wireless system or to 
the radio transmitter 614 in a two-way wireless system 
as discussed below in conjunction with FIG. 34. When 
the encoding controller U1 is utilized in an analog fash 
ion, an example of the wave form of the data stream 
appears as shown in FIGS. 7A and 12. Each of the four 
phases (45°, 135,225,315), represents a part of one of 
the first and second parallel information streams that 
may contain a binary zero or one. The binary one 142 is 
the higher of the two amplitudes and the binary zero 
140 is the lower in FIG. 12. This permits multiple bits of 
data to be sent in parallel with their respective signifi 
cance in the data stream being phase related. In the 
parallel data streams, the 45 and 135 phases represent 
the first forward parallel information stream, and the 
225 and 315 phases represent the back second parallel 
information stream. The choice of the number of phases 
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which are modulated and which phases are modulated 
by the first and second parallel information streams Inay 
be varied in practicing the invention. 
The transmitting methodology of the present inven 

tion is both analog and digital radio transmitting Systern 
compatible in one-way and two-way wireless systems. 
If further meets the required telephony bandwidths and 
the existing infrastructure of radio transmitter require 
ments to assure compatibility in the current market 
place. 
The net result of the encoding mechanism is such that 

it permits rapid implementation of the protocol with 
minimal capital expenditure to permit the messaging 
facility to gain entry into the profitability of alphanu 
meric information and E-mail services. The efficiency 
of the protocol permits a paging facility with a single 
frequency transmitting facility or a two-way wireless 
system that is currently air time restricted while accom 
modating numeric paging subscribers to rapidly gain 
additional air time to entertain new services and Sub 
scribers. 
FIG.22 illustrates a flowchart of the operation of the 

encoder and processor 100. The encoder and processor 
100 is connected to the data bus 58 of the system of 
FIG. 14 in implementing the present invention. The 
circuitry for implementing the encoder and processor 
100 is described in conjunction with FIG. 21. The oper 
ation proceeds from point 160 where the identification 
number of the receiver 104 or transceiver 700 to receive 
the transmission is retrieved. Typically, the processor 
and protocol encoder 110 contain a subscriber file of 
receivers or transceivers which may receive RF trans 
missions through the atmosphere from a transmitter 
such as the simulcast transmitters 124 of FIG. 11 or the 
transmitters 614 of FIG. 34 described below. With ref. 
erence to FIG. 11, the message to be received may be 
inputted by an input 112 to the telephone office 108 or 
from a PC 116 for the public switch telephone network 
to the telephone office 108, but it should be understood 
that the invention is not limited thereto. The message is 
stored in the random access memory as indicated at 
point 162. The encoder looks up the format of the re 
ceiver or transceiver at point 164 to determine the pro 
tocol of the receiver or transceiver to which the mes 
sage is to be transmitted. At this point it should be noted 
that the present invention, as described above in FIG. 
13 or below in conjunction with FIG. 34 in a two-way 
wireless system, has the capability of transmitting many 
protocols, including that of the present invention. Oper 
ation proceeds to decision point 166 where a determina 
tion is made if the receiver or transceiver protocol is 
either the multiple phase or pulse width modulation 
protocol which respectively are broadcast by analog or 
digital transmitting systems in accordance with the 
present invention. If the answer is “no' at decision point 
166, the operation proceeds to point 168 where the 
message is stored in a batch buffer. If the answer is 
'yes' at decision point 166, operation proceeds to point 
170 where the TIME DELAY INTERVAL is looked 
up from an entry table for the particular pager and/or 
frequency of the channel on which the message is to be 
broadcast. This corresponds to entry four of FIG. 15. It 
should be noted that typically the entry is a function of 
operating frequency and environment and will be be 
tween a range of 50 to 500 milliseconds with 400 milli 
seconds or longer being preferred in accordance with 
the extremely low rate of message error provided by a 
time offset of 400 milliseconds or greater as illustrated in 
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FIG.8. Furthermore, as described in conjunction with 
FIG. 15, an additional time offset may be added which 
corresponds to entry five for compensating for addi 
tional environmental factors or providing further time 
offset to insure that the statistical probability of faded 
information occurring in the first or second parallel 
information streams in exactly the same place in each 
parallel information stream involving the same informa 
tion units (e.g. units C1 of FIG. 20) is minimal. The 
addition of additional delay is indicated at point 172. 
The additional delay, as described above, may compen 
sate for special environmental affects, such as, that 
which occur within buildings, such as a hospital or 
similar private paging carriers. Operation proceeds to 
point 174 where the message containing the information 
inputted to the system and the ID which correspond to 
the ID and information fields of FIG. 8 is stored in the 
RAM. Operation proceeds to point 176 where conver 
sion of a data unit, such as an 8-bit ASCII encoded 
character, is converted into two 4-bit nibbles. The 4-bit 
nibbles correspond to system memory bit positions 
D0-D3 and D4-D7 of FIGS. 17-20. The storage in the 
system memory bit positions D0-D3 in the RAM is at 
point 178. Processing proceeds to decision point 180 
where a determination is made if conversion of the 
message, including all of the information, is completed. 
After conversion is complete, the processing proceeds 
to point 182 where the memory address offset between 
the first and second messages is calculated or specified 
as described above. The offset corresponds to a number 
of memory locations which, when the streams, such as 
illustrated in FIG. 20 are read out in parallel, provides 
a TIME DELAY INTERVAL as specified in the 
OFFSET field of FIG.8 which separates identical in 
formation or identical information units of the first and 
second parallel information streams at the time of trans 
mission. The time OFFSET between the reading out of 
the information of the first and second encoded infor 
mation streams may be precisely controlled as a conse 
quence of the parallel read out from the intermediate 
memory into which the first and second information 
streams are copied as illustrated in the intermediate 
message field of FIGS. 19 and 20 of the RAM. Point 184 
represents the copying of the message in the forward 
memory as illustrated in FIG. 17 into the back message 
memory as illustrated in FIG. 18. Point 186 represents 
the fetching of the forward and back nibbles stored in 
system memory bit locations D0-D3 and D4-D7 and 
copying of them into the intermediate memory of FIG. 
19. Upon the control processor U1 completing the re 
quired masking and rotation operations to split the 8-bit 
information units of the message into sequential 4-bit 
nibbles, a complete message is now stored in the mes 
sage buffer. Rather than repeat the masking and rotation 
process again to construct the time delayed message 
(which would consume processor overhead), the con 
trol processor merely copies the entire message from 
the RAM buffer and moves each nibble to the system 
memory bit locations D4-D7 of FIG. 19. The complete 
time delayed message is then stored in a second RAM 
buffer area with an address offset in the system memory 
which, upon parallel read out of the first and second 
messages, produces a time offset of identical informa 
tion or information units equal to the TIME DELAY 
INTERVAL. At this point, the control program Ui 
needs only to read the first and second message nibbles 
in parallel and load them into the encoder electronics 
when transmission time is available. However, the in 
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vention may be practiced alternatively without splitting 
individual information units into subunits such as nib 
bles. In that circumstance, the steps 176-180 are not 
executed. Instead, the processing at step 182 merely 
copies the forward first and back second message 
streams into the intermediate message memory with a 
displacement in memory address, which upon parallel 
read out, corresponds to reading out the identical infor 
mation or information units of first and second message 
streams to provide the TIME DELAY INTERVAL 
time offset as illustrated in FIG. 8 so as to produce the 
subcarrier modulated with the first and second parallel 
information streams. 
The receiving circuitry utilizes a digital signal proces 

sor U3 of FIG. 23 to provide intelligent processing of 
the subcarrier modulated with the first and second par 
allel information streams as discussed above to convert 
the modulated subcarrier into a series of numerical val 
ues each encoding at least a part of an information unit 
in one of the first and second information streams. For 
example, as discussed above and below, each cycle of 
the subcarrier may encode a selected number of bits. If 
octal phase modulation or pulse width modulation, as 
discussed above with reference to FIGS. 7B and 13, is 
used, each cycle of the subcarrier encodes four bits 
which is one-half of an 8-bit character (e.g., ASCII). 
The digital signal processor U3' processes individual 
cycles of the received detected subcarrier which may 
be in analog (sinusoidal) or digital format (squarewave) 
to determine any similarity with stored predetermined 
patterns (values of one or more bits) stored by the mem 
ory of the digital signal processor. The first and second 
detected parallel information streams are modified to 
contain at least one of the predetermined patterns so 
that the signal processor determines if an atmospheric 
fade has occurred by processing the first and second 
detected information streams after modification by the 
at least one predetermined pattern. The predetermined 
patterns are representations of error free information 
which the digital signal processor compares to the re 
ceived information in the parallel information streams 
to obtain a match that represents valid data. 
The digital signal processor U3' processes the de 

tected individual modulated cycles of the subcarrier to 
calculate an integral of at least one selected modulated 
part of each of the modulated cycles. A selected modu 
lated part when pulse width modulation is used is each 
of the first and second halves of the squarewave which 
each contain pulse width modulation that may encode 
any one of a range of numbers representing a part or a 
whole information unit as explained above with refer 
ence to FIG. 13. A selected modulated part when multi 
ple phase modulation is used is each of one or more 
distinct phases which are modulated with a one or zero 
as explained above with reference to FIG. 12. Each of 
the calculated integrals is numerically compared with a 
plurality of stored numerical ranges to identify a range 
which contains the numerical value of the integral. 
Each range represents one of a plurality of possible 
numerical values that the selected part may encode. 
These stored ranges represent the possible integrated 
values of the subcarrier modulation encoding a one and 
zero when multiple phase modulation is used as dis 
cussed above with reference to FIG. 12 or the possible 
integrated values of the subcarrier modulation encoding 
the individual numerical values within the numerical 
range of pulse widths as discussed above with reference 
to FIG. 13. The numerical comparison is discussed in 
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detail below with reference to FIG. 28. A numerical 
value representative of the identified numerically clos 
est range in which the calculated integral is found is 
substituted for each of the at least one selected modu 
lated part of each of the cycles. The substitution process 
is discussed below with reference to FIG. 28. The nu 
merical value encodes at least a part of an information 
unit in one of the first and second parallel information 
streams. For example, when the information contained 
in the first and second parallel information streams is a 
series of characters and pulse width modulation is used 
in accordance with FIG. 13, each numerical value rep 
resents four bits which is one-half the information re 
quired to encode a full character with ASCII. The 
modulation of the subcarrier in either analog or digital 
format is converted by the digital signal processor U3' 
of FIG. 23 from a time varying signal to a series of 
numbers representing part of or complete information 
units contained in the first and second parallel informa 
tion systems which facilitates processing of faded infor 
mation as discussed below. 
The digital processor U3 of FIG.23 further performs 

processing of individual samples, which are taken to 
calculate the aforementioned integrals, to remove the 
effects of noise causing a sample value to fall outside a 
normal expected range. Each sample value is compared 
by the digital signal processor U3' with a range which 
represents acceptable sample values. If the comparison 
yields a determination that a sample is numerically 
within the acceptable range, the sample is used in the 
integration without modification. However, if the sam 
ple is numerically outside the acceptable range, the 
sample is replaced with a numerical value representing 
a function which may be an average of one or more 
adjacent samples that are stored in memory which may 
be preceding and following samples of the sample out 
side the numerical acceptable range. As a result, the 
effects of noise in causing an erroneous integration of a 
selected part of a cycle of the subcarrier are substan 
tially lessened. 
Most importantly the digital signal processor U3 of 

FIG. 23 provides the ability to analyze the incoming 
waveform for the presence of valid information. For 
example, when a pulse width modulated or phase modu 
lated waveform is received, the digital signal processor 
U3" takes numerous samples of the area under the 
waveform. This permits the digital signal processor U3' 
to determine the value of each multiple bit nibble or unit 
of information modulated on the subcarrier. The pulse 
width or duration of the waveform or modulation of a 
plurality of phases encodes the nibble or unit of infor 
mation that it represents. Due to the high sample rate 
and processing architecture of the digital signal proces 
sor U3', hundreds of samples can be made of the area 
under each cycle or part of a cycle to very accurately 
determine by integration the data that the pulse width 
modulated signal or phase modulated signal represents. 
By integrating the area under the curve, an extremely 
accurate analysis of the pulse width modulated or phase 
modulated waveform can be made that eliminates dis 
tortions that are typical at the leading and trailing edges 
of a digital waveform. These distortions are aggravated 
in the wireless environment. Noise spikes that appear on 
the waveform are easily negated by an integration of the 
area under the waveform. Noise spikes on a waveform 
that occur during the transitions of the waveform do 
not effect the ability of the digital signal processor U3 
to maintain synchronism of the incoming parallel infor 
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mation streams and do not cause an erroneous determi 
nation of the pulse width modulated waveform data 
representation. 
The digital signal processor U3' looks for the SYNC 

/ID wake-up to determine the rate of information trans 
mission as well as if it should continue the receiving 
circuitry turn on process if the two ID digits match that 
of the wireless receiver or transceiver. When the digital 
signal processor U3 has determined the rate of informa 
tion transmission and the type of data transmission, it 
fetches from the microprocessor U7' stored program 
code to maximize the decoding reliability. The digital 
signal processor U3" has the ability to set or alter the 
bandwidth of the received data to mask unwanted re 
ceived components or information. The digital signal 
processor U3' provides the clock recovery by utilizing 
an energy based clock recovery technique. This clock 
recovery technique is considerably more reliable than 
utilizing zero crossovers. Zero crossovers typically can 
be severely distorted by multipath unalignment of mul 
tiple simulcasting transmitting systems. The energy 
based clock recovery technique utilizes and detects the 
midpoint of each cycle of the subcarrier. It does so by 
summing the energy, or the area under the curve or 
phase of the subcarrier as described above. This in 
creases the receiving circuitry's detection sensitivity by 
making it immune to distortions that are inherent in 
simulcast messaging systems of the wave form as well as 
the zero crossover transitions. Due to the high process 
ing speed of the digital signal processor U3", real time 
preprocessing of the received parallel information 
streams, including integration and sample processing, as 
described above, can occur prior to the data being sent 
to the control microprocessor U7' for information de 
coding and replacement of erroneous information to 
provide an improved signal to noise ratio which is cal 
culated to be about 3 db attributable to the integration 
process and another 20% attributable to sample signal 
processing. 
The digital signal processor U3' utilizes a modified 

Harvard architecture with multiple pipelining to permit 
the maximum number of calculations and samples to be 
made of the received parallel information streams. Due 
to the high sample rate of the digital signal processor 
U3' and its multiple pipeline architecture, the digital 
signal processor can provide numerous real time pre 
processing steps to optimize and correct anomalies in 
the received wave form. 
The digital signal processor U3, as with any other 

type of information decoder, has performance trade 
offs. Most fixed hardware designed decoders have to 
select between bandwidth and the bit error rate of the 
data it receives. The wider the bandwidth, the quicker 
the decoder can synchronize and lock on to the incom 
ing carrier. However, when the bandwidth is increased 
the decoder becomes more susceptible to noise and the 
bit error rate of the detector increases. If a narrow 
bandwidth decoder design is utilized, the bit error rate 
is lowered but the carrier synchronization time is in 
creased substantially. The digital signal processor U3' 
resolves this problem in that during the sampling time 
the bandwidth is dynamically programmed by the 
stored program to have a wide bandwidth to permit a 
rapid detection of the received carrier. However, as 
soon as the carrier is received, the stored program then 
provides supportive software to narrow the bandwidth 
to optimize the integrity of the received data. It is this 
dynamic operation of the digital signal processor U3' 
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that is under control microprocessor U7' and stored 
program control that permits the receiving circuitry to 
rapidly detect and synchronize to an incoming signal 
and then optimize the integrity of the received data by 
narrowing the bandwidth. 
Upon completion of the preprocessing involving 

integration and sample signal processing by the digital 
signal processor U3, the digital signal processor for 
wards the binary information of the first and second 
parallel information streams from the buffer RAM to 
the microprocessor U7' for decoding and recompilation 
of the received data. The microprocessor U7', under 
stored program control, provides the error correction 
that is embedded in each of the first and second encoded 
parallel information streams (forward and back) for 
correcting minor bit errors (e.g. 2 or less). Both the first 
and second parallel data streams are stored in random 
access memory U8' for later use when larger irrecover 
able errors (faded information) are detected in either 
data stream. Since the control microprocessor U7' of 
the receiving circuitry has been alerted to the time 
shifting by decoding the OFFSET command of FIG. 7 
of the first and second data streams, it can readily put 
together missing portions to correct either the first and 
second parallel information streams. 
The microprocessor U7' is also responsible for con 

trolling the resident display electronics and control of 
the external data port for transmission of the received 
information to an external peripheral device such as the 
laptop PC 118. 

FIG. 23 illustrates a 10-chip set decoder and control 
of the receiving circuitry which may be implemented in 
receiver 104, transceiver 700 or associated with a base 
station. The decoding mechanism, can be connected to 
a number of different receiving circuitry configurations 
at the discriminator audio entry point inputted from the 
audio detector 190. Various receiving circuitry configu 
rations can be a single frequency crystal controlled 
single or dual conversion type of receiver. A multi-fre 
quency or scanning type of receiving circuitry utilizing 
a programmable phase lock loop for multi-channel re 
ception may be used, or the decoder may be connected 
to a mobile or portable two-way transceiver that is 
either single or multi-frequency using multi-crystal or 
programmable synthesizer technologies. 
The decoder may be further integrated by LSI tech 

nologies to a 3-chip set. The integrated circuits U2, U3, 
U4, U5, and U6A, B are currently available in a single 
digital signal processor. The control CPU U7', RAM 
memory U8, 8K ROM memory U9, address control 
U6F', and I/O port U6E' are currently available in a 
single LSI microcircuit. The remaining electronics con 
sisting of the receiving circuitry control U6C and clock 
oscillator U6D' are integrated into a PAL logic array 
that is manufactured by National Semiconductor or 
Texas Instruments. 
The operation of the decoder is as follows: 
The low pass filter U1' consists of a switched capaci 

tor filter that limits the frequency response of the dis 
criminator audio to the 300-3000 Hz audio bandwidth. 
The low pass filter is a fourth order filter that prevents 
high frequency noise components from entering the 
8-bit flash analog to digital converter U2'. The audio 
detector 190 represents the audio output from any type 
of a one-way receiver, such as that in the aforemen 
tioned patents, or two-way receiver. 
An 8-bit flash analog to digital converter U2' is con 

nected to the digital signal processor U3' via an 8-bit 
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DATABUS 1. Clock signals are provided by a portion 
of U6D' that takes a master crystal oscillator and pro 
vides the necessary clock pulses for the processors and 
the A/D converter. Input/output control of data from 
the flash A/D converter is accomplished by the A/D 
control portion U6A". The 8-bit flash A/D converter 
samples the incoming audio waveform at high fre 
quency sufficient to take at least hundreds of samples 
per modulated phase or squarewave. The higher the 
sample rate, the more accurate the integration is. The 
A/D converter converts those samples to 8-bit binary 
words that are sent to the digital signal processor U3' 
via the 8-bit data bus. Timing control is provided by the 
A/D control U6A' and permits data to exit U2' only 
when the digital signal processor U3' addresses U2' 
when data is present. 
The digital signal processor U3 simultaneously reads 

data from the flash A/D converter U2, processes and 
analyzes the data, and then sends the decoded data via 
DATABUS 1 to the control CPU U7'. Decoded and 
analyzed data is forwarded to the control CPU U7' 
between readings of the 8-bit flash A/D converter. 
The digital signal processor U3" may be manufac 

tured by Texas Instruments and is in one of the three 
generations of TMS320XX series processors. Texas 
Instruments currently manufactures the first generation 
in a low, voltage, low current processor that is applica 
ble to battery operated receiving circuitry. 
The digital signal processor U3' is connected to a 2K 

random access memory U4 and a 4KEEROM memory 
U5'. A second data bus DATA BUS 2 is utilized to 
permit data to be read by the digital signal processor 
U3' from and to the RAM memory and from the 
EROM memory which contains the stored program. 
The digital signal processor U3' controls the selection 
of reading and writing to RAM memory U4 and read 
ing from EEROM memory U5' by the address control 
U6 portion of a custom gate array U6B'. 
The digital signal processor U3 is responsible for 

synchronizing the receiving circuitry to the incoming 
first and second parallel information streams and pro 
viding waveform analysis for the decoding of the pulse 
width modulated digital parallel information streams or 
the multiple phase parallel analog information streams 
as described above. Upon completion of the decoding 
of the received binary data stream, the digital signal 
processor U3 forwards the decoded data via DATA 
BUS I to the control CPU U7'. 
The 2K RAM memory U4' serves as a scratch pad 

memory for the digital signal processor U3". Intermedi 
ate calculations and reconstructed received data are 
temporarily stored and buffered in RAM memory U4. 
The 2KRAM memory also temporarily stores interme 
diate calculations and instructions as needed on occa 
sion by the DSP. The 2K RAM memory has a DATA 
BUS 2 utilized to communicate to and from the digital 
signal processor U3". This permits the digital signal 
processor U3' to access and store data in the 2K RAM 
memory simultaneously while utilizing DATABUS 1 
to receive information from the 8-bit flash A/D con 
verter or sending information to the control CPU U7'. 
It is this architecture that is commonly referred to a 
modified Harvard architecture where the digital signal 
processor U3' is capable of simultaneously communicat 
ing on two separate data buses. 
The EEROM memory US contains the stored pro 

gram for the digital signal processor U3. It contains 
resident softwares that permit the digital signal proces 
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Sor U3 to decode both the analog multiple phase and 
pulse width modulation digital subcarrier waveforms. 
The EEROM memory also contains the supportive 
digital signal processor software to permit synchroniza 
tion of the receiving circuitry's, analysis of the received 
waveform data, storage and transfer of the received 
data to the control processor U7', and bandwidth con 
trol of the received data when the receiver becomes 
Synchronized to the data stream. 
U6' is a custom gate array that provides numerous 

encoding and decoding functions for the multiple phase 
and pulse width modulation decoder. U6A" provides 
address and control interfacing between the digital sig 
nal processor U3' and the 8-bit flash A/D converter 
U2. It is the functional equivalent of an active low 
address enable IC similar to the 74HC138, and also the 
functional equivalent of the 74HC251 input multiplexer 
that can sense when the A/D converter has data to be 
read by the DSP. U6B' provides address control of the 
2K RAM memory U4 and the 4K EEROM memory 
U5. Accessing of data to and from these memories is 
controlled by the digital signal processor U3 via U6B. 
U6B' is the functional equivalent of a 74HC138 3-8 
decoder with some additional gating electronics for 
read/write control to and from the 2K RAM memory 
U4'. U6C is the receiving circuitry control portion of 
the custom gate array. It provides interfacing from the 
control processor U7' via DATABUS 1 and a control 
signal from U6F'. The receiving circuitry control IC 
consists of the functional equivalent of control latches 
such as the 74HC259 for receiverpower. U6C provides 
the functional equivalent of a tri-state buffer (one sec 
tion of an HC244) for serial transmission of data to the 
PLL control circuit. U6C" also provides the functional 
equivalent of a 74HC251 to sense receiving circuitry 
carrier detection and the PLL synthesizer lock condi 
tions. U6C also provides the functional equivalent of a 
74HC244 (single section) to provide a serial data stream 
to the antenna tuning processor when a multi-frequency 
receiving circuitry is utilized. U6D' provides the neces 
sary clocks for the control CPU U7', the digital signal 
processor U3", and the 8-bit flash A/D converter U2. A 
25 MHz crystal is utilized for the decoding circuit. The 
oscillator section consists of the functional equivalent of 
two 74CO4's that are connected in parallel with the 
crystal and provide the necessary inversion for the os 
cillator and buffering. The balance of U6D' are respec 
tive dividers that divide the clock frequency to the 
lower 8 MHz required by the A/D converter U2 and 4 
MHz required by the control CPU U7'. The 25 MHz 
clock frequency is buffered and directly sent to the 
digital signal processor U3". The U6E portion of the 
custom gate array provides the necessary I/O port buff 
ering for the external serial port and the control proces 
sor U7' data bus of the multiple phase and PWM de 
coder circuit. Tri-state input and output buffers and 
level conversion is provided so that the serial port 
which operates in a RS-232 configuration can send and 
receive data to an external device as described above. 
The I/O port buffers are the functional equivalent of a 
74HC245 bi-directional tri-state buffer and control latch 
to encode DSR and RTS data signals (HC259), and a 
74HC251 8 to I MUX to decode the CTS and DSR 
received signals from the peripheral device. The buffer 
ing and level conversion is accomplished by the func 
tional equivalent of a 74188 or 74189 RS-232 to TTL 
level converter. 
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The U6F' portion of the custom gate array is the 

functional equivalent to an address control decoder that 
permits the control processor U7 to address select the 
64K RAM U8, the 8K ROM U9, the I/O port buffers 
and latches U6E, the receiving circuitry control por 
tion of U6C, and the liquid crystal display U10'. It is the 
functional equivalent of a 74HC1383-8 decoder. 
The control processor U7' is responsible for all of the 

control functions of the decoder of the receiving cir 
cuitry. It controls all receiving circuitry control func 
tions, including the turning on and off of the power to 
the receiving circuitry electronics, digital signal proces 
sor electronics, and the serial I/O port electronics. It 
also provides the decoding of the received first and 
second parallel message streams and the necessary mes 
sage reassembly when errors are encountered in the 
received message obtained from the digital signal pro 
cessor U3. It also separates and stores the forward first 
and backward second parallel information streams re 
ceived from the digital signal processor U3' and is re 
sponsible for the correction when errors in either the 
forward first or backward second parallel data streams 
occur. The messages received are stored by the control 
processor U7' in the 64K RAM memory U8' or are 
forwarded to the serial port for external use. The con 
trol processor U7' is also responsible for sending stored 
messages from the 64K RAM memory U8' to the resi 
dent liquid crystal display U10 for display and reading 
purposes by the user. Control processor U7' also re 
sponds to push button requests initiated by the user 
and/or data requests initiated by the serial port as neces 
Sary. 
The 64K Random Access Memory U8 is utilized by 

the control processor U7' for message storage and re 
tention. A portion of the memory is utilized as working 
buffer memory and storage of control variables for the 
operating program. The 64K RAM is enabled by U6F', 
the address control register. Data is transferred to and 
from the 64K RAM via the 8-bit data bus 1. 
The 8K Read Only Memory U9 stores the resident 

software for the receiving circuitry. It contains all of 
the operating softwares and subroutines to permit the 
control processor U7 to operate the receiving circuitry. 
Message decoding routines, error correction routines, 
and message replacement routines are contained in the 
operating software. The operating software also con 
tains the control and timing electronics for the control 
processor U7 to control the various portions of the 
receiving circuitry via U6C". Service routines to trans 
fer received stored messages are also contained in the 
8K ROM and via the control processor U7' may be 
transferred to the liquid crystal display U10, erased, or 
transferred to the serial port U6E' for external use. A 
block diagram of the receiving circuitry decoding/con 
trol processes that are contained in the 8K ROM are 
described below with reference to FIGS. 29A and B. 
The control flowchart shows the general service rou 
tines that are utilized to permit the decoder to turn on 
the receiving circuitry, sample the channel for presence 
of carrier and data, and respectively look for the re 
ceiver or transceiver receiving circuitry corresponding 
ID code and message. 
The receiving circuitry utilizes a single line dot ma 

trix liquid crystal display. When the receiving circuitry 
senses a button press via the I/O port buffer U6E', the 
control processor U7' in turn responds and forwards 
messages to the liquid crystal display for display pur 
poses. Alternatively, multi-line liquid crystal displays 
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may be used to permit a greater amount of text to be 
displayed simultaneously. 
The integration of an analog subcarrier modulated 

with diphase quadrature modulation as illustrated in 
FIG. 12 is explained as follows. FIG.24A illustrates the 
received diphase quadrature modulated subcarrier as 
received from a discriminator of receiving electronics 
in a receiver, transceiver or associated with a base sta 
tion. The data, as illustrated, is encoded at the 45 and 
135 phases with the 225 and 315 phases having been 
omitted from the illustration. The lower magnitude 
voltage V along the Y axis represents the encoding of a 
binary zero at 45 and the higher magnitude voltage 
represents the encoding of a binary one at 135. 
The digital signal processor U3 is synchronized to 

the incoming data which permits it to integrate in a 
window around the exact phase of where the modula 
tion is placed. The sampling of the voltage would typi 
cally begin at 35 and end at 55. In the 20 window, the 
digital signal processor U3' computes hundreds of sam 
ples which are integrated. 

FIG. 24B illustrates a simplified example of comput 
ing the integral of the waveform at 45 in FIG. 24A 
where only eleven samples are taken which have an 
integrated value of eight. Once the integrated value is 
obtained, the digital signal processor U3' looks in a 
prestored table which permits a value of zero to be 
within a numerical integration range between zero and 
sixteen. In FIG.24A it can be that the numeric value for 
the data contained at the 135 phase will be greater than 
sixteen. Therefore, the same integration process and 
comparison with the range of prestored values centered 
in a 20' window around 135 would yield a value of one 
at the 135 phase. 
The actual values obtained in each step of the integra 

tion process will typically be much higher than the 
foregoing example of FIGS. 24A and B. The actual 
values obtained in each step of the integration process 
will be dependent upon many variables determined 
primarily by the receiving circuitry. The operating 
voltage, A to D sampling speed, and clock speed of the 
digital signal processor U3' will all influence the actual 
numeric values obtained in this integration process. 
However, the transmitted waveform will appear essen 
tially the same for all mobile data products using the 
invention. Each of the different received data wave 
forms will have different binary values and different 
binary ranges in their lookup tables. 
The integration of a squarewave subcarrier with each 

half being pulse width modulated with four bits (numer 
ical widths varying between 1 and 16), as illustrated in 
FIG. 12, is described as follows with reference to FIG. 
25. In this simplified example, the digital signal proces 
sor U3" takes ten samples of the detected subcarrier 
where in actual practice hundreds of samples would be 
taken. The previously stored sample values represent 
ing the waveform are processed by the digital signal 
processor U3' to integrate the area under the waveform. 
In actual practice, the number of samples will be depen 
dent upon the sampling speed of the A to D converter 
and the clock speed of the digital signal processor U3". 
In this example, there is a fixed numerical value as 
signed to the X axis and a value that is representative of 
the received voltage V of the waveform on the Y axis. 
The digital signal processor U3' uses these values to 
calculate a numeric sum for each sample. These numeri 
cal values of each sample are in turn summed to provide 
a summation of all of the samples under the pulse width 
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modulated waveform. The summation value of FIG. 25 
is ninety. This number would be much larger in actual 
practice. The digital signal processor U3 then uses its 
prestored program to look up the range of summation 
values stored in its lookup tables as described below in 
detail in conjunction with FIG. 28. Because of signal 
distortions, which are always present in a wireless envi 
ronment, the lookup tables contain finite boundaries or 
numeric ranges that pertain to each of the sixteen possi 
ble binary combinations. FIG. 25 illustrates that for a 
value of ninety the four bit combination of zero, one, 
zero, one is obtained. Any summation within the nu 
meric range of eighty-five to ninety-five is represented 
in subsequent signal processing of the parallel informa 
tion streams by the aforementioned four bit combina 
tion. 

Like the example discussed above involving multiple 
phase modulation, products using digital modulation 
will have prestored ranges depending upon the design 
of the receiving circuitry. If very low received voltages 
are summed, smaller summation ranges are obtained. 
FIGS. 26A and 26B illustrate the sample processing 

of a half of a cycle of a pulse width modulated square 
wave to eliminate the effects of noise which introduces 
error into the calculation of the integral of the half a 
cycle as described above in conjunction with FIG. 25. 
FIG. 26A shows the leading edge of the waveform that 
contains a noise transient. This negative going transient 
is not a portion of the actual pulse width modulated data 
and introduces error in the integration of the waveform 
by the digital signal processor U3". Sample signal pro 
cessing is utilized to assist in the reconstruction of the 
pulse width modulated waveform to remove transients 
that are caused by noise and other man-made interfer 
ence. While the digital signal processor U3 is decoding 
the pulse width modulated waveform to transform first 
and second parallel information streams into a series of 
numerical values each representing the range contain 
ing the calculated integral of each selected part, the 
numeric sample values are stored in a temporary RAM 
memory such as U4. As illustrated in FIG. 26A, each of 
the samples is converted to a numerical value by an Ato 
D converter or comparator associated with the digital 
signal processor. The ROM associated with the digital 
signal processor stores a table of numerical ranges 
which represent valid sample values over the duration 
of a part of the cycle of the subcarrier which are to be 
included in the integration of the subcarrier. As illus 
trated, the numerical ranges are based upon expected 
ranges which occur for a particular receiving circuitry 
design that represent signal levels which occur when 
the half of the subcarrier cycle is at its high or low level. 
For example, the illustrated transient is outside the nu 
merical range of sample values which represent valid 
samples when the pulse width modulated carrier is at its 
high level. When a sudden or dramatic change in the A 
to D voltage reading occurs, as described above by the 
comparison of the sample value with a range of valid 
sample values, the digital signal processor U3 is trig 
gered to perform a series of calculations. Because of 
storage in a RAM buffer area of the sample values nec 
essary to compute the integral, one or more sample 
values immediately before and immediately after a tran 
sient are used for signal processing to provide a replace 
ment sample value. The replacement information is a 
function of sample values adjacent the sample value 
which is replaced. In one form of possible signal pro 
cessing to replace the noise with a sample value more 
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accurately representing what the actual sample values 
should have been, the immediately preceding and suc 
ceeding sample values are added and divided by the 
number of samples to be averaged to yield a replace 
ment sample value average to fill in the erroneous sam 
ple caused by the noise transient. The resulting wave 
form appears in FIG. 26B as a small step that makes the 
resulting waveform more representative of the pulse 
width modulated waveform. In this example, if the 
preceding sample value from the A to D converter was 
1 volt and the following reading was 1.1 volts, the re 
placement sample would have a value of 1.05 volts. This 
is considerably more accurate than the actual received 
pulse width modulated waveform that would have had 
a zero value for the sampling period. 
FIGS. 27A and B illustrate the reconstruction of a 

data waveform when diphase quadrature modulation is 
used as illustrated in FIGS. 7A and 12. In this example, 
the 45 phase is being processed which is modulated 
with binary information in which noise is riding on the 
signal level. As discussed above in conjunction with the 
processing of a pulse width modulated waveform hav 
ing noise riding on the data signal level, the digital 
signal processor U3' stores the sample values in the 
temporary RAM buffer. As illustrated in FIG. 26B, 
each of the samples is converted to a numerical value by 
an A to D converter or comparator associated with the 
digital signal processor. The ROM associated with the 
digital signal processor stores a table of numerical 
ranges which each represent valid sample values over 
the duration of a part of the cycle of the subcarrier 
which are to be included in the integration of the sub 
carrier. As illustrated, the numerical ranges are based 
upon expected ranges which occur for a particular re 
ceiving circuitry design that represent signal levels 
which occur around the modulated phases of the sub 
carrier. For example, the illustrated transients are out 
side the numerical ranges of sample values which repre 
sent valid samples when the subcarrier is modulated 
with a one or zero as illustrated in FIG. 12 in the 20 
window centered at 45°. When a series of voltage read 
ings do not conform to the rate of rise or slope that 
would have been typical of valid phase data, the signal 
processing is triggered to attempt to correct the data. 
The previous and subsequent A to D converter voltage 
readings are added together and divided by the number 
of readings to substitute a more accurate sample value 
which would typically be present in the absence of 
noise for the sample value representing noise. As can be 
seen in FIG. 27B, the modified signal waveform resem 
bles more closely and more accurately the actual trans 
mitted data. When the digital signal processor U3' now 
begins the integrating process to determine if the phase 
information contained at the 45 phase sample is a bi 
nary one or zero, the accuracy of the integration (and, 
therefore, the determination) is considerably more ac 
curate. FIG. 24A illustrates what the data would look 
like when the diphase mode of modulation is being 
transmitted. In FIG. 24A it can be seen that the binary 
value of the data at the 45 phase is a binary zero and the 
binary value of the data at the 135° phase is a binary one. 
When the receiving electronics in a receiver, trans 
ceiver or base station are in an extremely noisy environ 
ment, the aforementioned sample signal processing 
serves to enhance and reconstruct the received data and 
reduce the amount of error introduced by noise in the 
integrating process. 
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FIG. 28 illustrates the operation of the digital signal 

processor U3 after the integrated value of the at least 
one selected part of a cycle of a subcarrier for a plural 
ity of cycles has been determined. The digital signal 
processor U3" takes the obtained integrated value and 
looks up the resulting binary value or equivalent in the 
prestored lookup tables. With reference to FIG. 28, the 
processing proceeds from step 151 where integration is 
completed to decision point 153 where a determination 
if the modulation is analog (multiple phase) or digital 
(pulse width modulation) is made. If the answer is "yes' 
at decision point 153, processing proceeds to step 155 
where the lookup tables for processing the integration 
of pulse width modulation of a half of a cycle of the 
subcarrier are accessed. The stored ranges are each one 
hundred in magnitude. Processing proceeds to step 157 
where a determination is made if the value of the inte 
gration is less than 900. A value at decision point 157 of 
less than 900 indicates that the pulse width modulated 
waveform has an inherent problem making the compari 
son process invalid. If the answer is 'yes' at decision 
point 157, the processing proceeds to step 159 where an 
error code is stored in a buffer RAM. Processing pro 
ceeds from step 159 to decision point 161 where a deter 
mination is made if all of the stored integration values 
which are being group processed have been processed. 
If there are more values to be processed, the program 
loops back to step 155. Otherwise, the processing is 
complete. If the answer at decision point 157 is that the 
integral value is greater than 900, processing proceeds 
to decision point 163 where a determination is made if 
the integral is less than 1100. If the answer is “yes” at 
decision point 163, a 4 bit binary value of 0000 is stored 
at step 165 in the buffer RAM which represents at least 
a part of an information unit of one of the first and 
second parallel information streams. Processing pro 
ceeds to decision point 167 where a determination anal 
ogous to decision point 161 is carried out. If the answer 
is "no' at decision point 163, processing proceeds to 
decision point 169 where a decision is made if the inte 
gral value is less than 1200. If the answer is “yes” at 
decision point 169, processing proceeds to step 171 
where a binary value of 0001 is stored in the buffer 
RAM. The processing proceeds to step 173 which is 
analogous to decision point 167. The broken line la 
belled “ONE TEST FOREACH BINARY VALUE' 
indicates testing of the integral values for a series of 
increasing ranges which are increased in steps of 100 to 
determine if the binary values between 0010 and 1110 
should be stored in the buffer RAM. Decision point 175 
represents the last test where a determination is made if 
the integration value is less than 2600. If the answer is 
“yes”, the processing proceeds to step 177 where the 4 
bit binary valve 1111 is stored in the buffer RAM. The 
processing proceeds from step 17 to decision point 179 
which is analogous to decision points 167 and 173. If the 
answer is 'no' at decision point 175, processing pro 
ceeds to step 181 where an error code is stored in the 
buffer RAM indicating that the integration value is 
greater than that which would be predicted by the 
prestored values (ranges) for each of the sixteen binary 
combinations. The processing then proceeds to decision 
point 183 which is analogous to decision points 167, 173 
and 179. 

If the answer to decision point 153 is “no', the pro 
cessing proceeds to step 185 where the range of values 
for the binary values of one and zero are accessed for 
comparison with the integration value obtained at step 



5,446,759 
89 

151 for modulated phases of the subcarrier. The diphase 
(FIGS. 7A and 12) lookup tables are different than the 
pulse width modulation tables and are representative of 
the 1 and 0 boundary present in FIG. 24A for each of 
the phases which are modulated on the subcarrier. The 
integrated value falls within a range on one or the other 
side of the boundary for each phase which controls 
whether the phase is decoded as a 1 or a zero. When the 
integration process is completed, the processing com 
pares the integrated value with ranges that define on 
which side of the boundary the actual integration lies. 
In this process the processing proceeds to decision point 
187 where a determination is made if the value of the 
integral is less than 350. If the answer is “yes” the pro 
gram proceeds to step 189 where a binary zero is stored 
for the phase in the buffer RAM. The processing pro 
ceeds to step 191 where a determination is made if more 
values are to be processed. This step is analogous to 
steps 161, 167, 173, 179 and 183 previously described. 

If the answer is "no" at step 187, processing proceeds 
to decision point 193 where a determination is made if 
the value of the integral is less than 700. If the answer is 
'yes', processing proceeds to step 19 where a binary 
one is stored in the buffer RAM. The processing pro 
ceeds from step 195 to decision point 197 where a deci 
sion is made analogous to decision 191 described above. 
If the answer is "no” at step 193, the processing pro 
ceeds to step 199 where an error code is stored in the 
buffer memory analogous to steps 158 and 181 as previ 
ously described. The processing proceeds from step 199 
to decision point 201 which is analogous to decision 
points 191 and 197. 
The contents of the buffer RAM store a group of 

binary values representative of individual bits when 
multiple phase modulation is modulated on the subcar 
rier and groups of bits when pulse width modulation is 
modulated on the subcarrier. The contents of the buffer 
RAM encode the information contained in the first and 
second parallel information streams and the error cor 
rection code for subsequent processing by the signal 
processor U3". The processor U3' detects when an error 
is present by processing the error correction code em 
bedded in the first and second parallel information 
streams and replaces the faded information with infor 
mation modulated on the subcarrier time shifted from 
the faded information by the TIME DELAY INTER 
VAL of FIG. 8 as described below in detail in conjunc 
tion with FIGS. 32 and 33. 
Although the previously described sample processing 

will serve to remove transients that may produce the 
decoding of erroneous data when large errors are intro 
duced into the calculation of the integrals, it is still 
possible that the integration of the data modulated on 
the subcarrier at a particular phase would result in an 
erroneous detection. Many discriminators in radio re 
ceiving electronics have finite voltage limits when data 
is being detected. When receiving electronics in a re 
ceiver or transceiver are designed for low voltage oper 
ation, the recovered data will be between zero and one 
volt in amplitude. However, in many types of discrimi 
nation there are particular combinations of interfer 
ences (typically, adjacent channel interference) that can 
cause a noise signal to be much greater in amplitude 
than the one volt level. These spikes or noise may be as 
high as two or three times the expected amplitude and 
not be representative of a true received data signal. The 
problem is more prevalent when multiple phase data is 
being decoded as this type of adjacent channel noise 
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that is detected by the discriminator contributes greatly 
to distorting of the detected waveform and may change 
a binary zero to a binary one and a binary one to a value 
much greater than what a binary one is predicted to be. 
As previously described, the sample signal processing 
has finite limits on an amount of data interpretation that 
can be accomplished. Specific high and low boundaries 
must be placed in the lookup tables to prevent such data 
interpretation from being considered valid. This is the 
reason for finite boundary values as discussed above in 
processing both multiphase and pulse width modulation 
of the subcarrier. The boundaries and the need for such 
boundaries will be dependent upon the receiving elec 
tronics design of the particular product. Therefore, the 
boundaries represented by decision points 159, 181 and 
199 may or may not be necessary in the receiving elec 
tronics of a particular multiple phase or pulse width 
modulation application of receiving electronics. Steps 
159,181 and 199 may be omitted. If the receiving elec 
tronics are based exclusively upon either the multiphase 
or pulse width modulation protocol, decision point 153 
may be omitted with only the necessary part of the 
processing for the particular protocol being included in 
the receiving electronics. 
The operation of the receiving circuitry decoding of 

the multiphase or pulse width modulated first and sec 
ond parallel information streams is described in flow 
charts in FIGS. 29A and B, 30, 31 and 32 and in picto 
rial diagram FIG. 33. The pictorial diagram is for clari 
fication purposes of the message reconstruction process. 
These flowcharts are based upon the pulse width modu 
lation of first and second parts of each cycle of the 
subcarrier respectively with the information of FIG. 20 
as described above in four bit nibbles. However, it 
should be understood that other information units, such 
as 8bits as described above for encoding ASCII charac 
ters, may be used in the aforementioned flowcharts. 
Furthermore, the splitting of each information unit, as 
illustrated in FIGS. 16-20 as described above, may 
involve different numbers of bits, e.g. 16-bit words 
could be split into 8 bit bytes which, for example, may 
each modulate a half of a cycle of pulse width modula 
tion. This amounts to a doubling of the throughput of 
the pulse width modulation of FIGS. 7B and 13. 
FIGS. 29A and B depict the general operation of the 

receiving circuitry as described above in FIG. 23. The 
flowchart depicts frequency synthesized receiving and 
battery saving techniques that are used with current 
receiver designs. Point 200 represents the power on 
initialization routines. When the user first turns on the 
power to the receiving circuitry at point 202, the resi 
dent control processor U7 starts an initialization pro 
cess and self-testing diagnostics to insure that the re 
ceiving circuitry is fully functional. These diagnostics 
include the turning on and preprogramming of a fre 
quency to the phase lock loop (not illustrated) and veri 
fication that the phase lock loop at point 204 can lock on 
a test frequency or the preprogrammed operating fre 
quency, and a measurement of the battery voltage. The 
initialization routine also includes a verification of the 
receiver's or transceiver's preprogrammed ID and a 
visual test of the liquid crystal display by scrolling a test 
message for the user to observe. 
Upon completion of the power on initialization, the 

receiving circuitry initializes its sampling routine of the 
radio channel. The control processor U7' first turns on 
the receiving circuitry power and loads the phase lock 
loop with the operating channel frequency data. The 


























































